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DIGITAL CIRCUIT MULTIPLICATION EQUIPMENT 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

5 The present invention generally relates to a digital circuit 

multiplication equipment. More specifically, the present 
invention is directed to a digital circuit multiplication equipment 
equipped with a tandem pass-through function capable of pass- 
through-transmitting speech/data signals in a trunk channel 
10 connected via a exchange without performing low-bit-rate speech 
encoding/decoding operations. 

2. Description of the Related Art 

In long distance telephone communications such as 
15 international telephone communications, digital circuit 
multiplication equipments (DCMEs) have been conducted in order to 
reduce communication cost. A DCME implies such an apparatus 
capable of transmitting telephone speech signals and voice band 
data signals such as facsimile signals and data/modem signals in 
20 a higher efficiency by combining a DSI (digital speech 
interpolation) technique and a low-bit-rate speech encoding 
technique. This DSI technique corresponds to such a technique 
capable of transmitting only active portions of telephone 
communications . 



Fig. 16 is a block diagram for schematically representing an 
entire arrangement of a DCME. 

In Fig. 16, there are provided a active judging unit 1, a signal 
discriminating unit 2, a speech (audio) encoding unit 3, an 
5 assignment control unit 4, a message producing unit 5, a 
multiplexing unit 6, a separating unit 7, a message decrypting unit 
8, and a speech decoding unit 9. A left side of this drawing 
corresponds to a trunk side through which plural channels of 
telephone speech/voice band data in the 64 Kbit/s PCM (Pulse Code 

10 Modulation) format are inputted/outputted. Also, a right side of 
this drawing corresponds to a bearer side (transmit path side) 
through which telephone speech /voice band data which have been 
encoded in low bit rates (will be referred to as "encoded speech 
signals" hereinafter) are transmitted/received. 

15 For the sake of easy understandings, it is now assumed that 

while this DCME owns as the trunk side a capacity capable of 
inputting/outputting 600 channels of 64 Kbit/s-telephone 
speech/voice band data signals, this DCME owns as the bearer side 
a line capacity of 2 Mbit/s. Also, the following assumption is made 

20 in the below-mentioned description: 

As a encoding rate for a low-bit-rate speech encoding operation, 
a encoding rate of 8 Kbit/s is used so as to transmit a telephone 
speech signal, whereas another encoding rate of 4 0 Kbit/s is 
employed in order to transmit a voice band data signal. 
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Next, a description will now be made of operations of the DCME 
equipped with the arrangement shown in Fig. 16. 

The 64 Kbit/s PCM-f ormatted signals for 600 channels, which 
are entered from the trunk side of this DCME, are inputted into 
5 the active judging unit 1, the signal discriminating unit 2, and 
the speech encoding unit 3, respectively. The active judging unit 
1 judges as to whether each of these 600 channels owns an active 
signal, or a silent signal, and then outputs a judgement result 
to the assignment control unit 4. The signal discriminating unit 
10 2 judges as to whether an input signal of each trunk channel is 
equal to a telephone speech (voice) signal, or a data signal such 
as a facsimile signal, and then outputs this judgement result to 
the assignment control unit 4. 

Based upon both the active/silence judgement result of each 
15 of the trunk channels derived from the active judging unit 1 and 
also the speech/data discrimination result of each of the trunk 
channels derived from the signal discriminating unit 2, the 
assignment control unit 4 determines an assignment rate of each 
trunk channel to the bearer circuit, and then outputs the determined 
20 assignment result to both the message producing unit 5 and the 
multiplexing unit 6. 

As this bearer circuit assignment method, while trunk channels 
having active signals are assigned to bearer circuits while priority 
rights are given to these trunk channels, the encoding rate of 40 



Kbit/s per one channel is assigned to such a trunk channel which 
is judged as a data channel, and further the encoding rate of 8 
Kbit/s per one channel is assigned to such a trunk channel which 
is judged as a speech channel. The reason why the encoding rate 
5 is changed in accordance with a sort of input signal is given as 
follows: That is, the information amount compression principle of 
the low-bit-rate speech encoding operation is to reduce redundancy 
owned by a speech signal, while utilizing redundancy owned by the 
speech signal. Although the high compression rate can be obtained 

10 with respect to the speech signal, the high compression rate cannot 
be obtained with respect to the voice band data signal such as the 
facsimile signal. 

The encoding rate of each of the trunk channels, which is 
determined by this assignment control unit 4, is outputted to the 

15 speech encoding unit 3 , the speech encoding unit 3 is equipped with 
speech decoding devices for 600 channels. In response to the 
encoding rate information supplied from the assignment control unit 
4, the speech encoding unit 3 encodes the input signals entered 
from the respective trunk channels by 8 Kbit/s encoding rate when 

20 these input signals are the telephone speech signals, and encodes 
the input signals entered from the respective trunk channels by 
40 Kbit/s encoding rate when these input signals are the voice band 
data signals. Then, the speech encoding unit 3 outputs the encoded 
signals to the multiplexing unit 6. 



It should be noted that the assignment/no-assignment 
information (namely, information as to whether or not each channel 
is assigned to a bearer circuit) for the respective channels is 
also entered from the assignment control unit 4 into the speech 
5 encoding unit 3, the reason of which is given as follows: 

Normally, both a speech coding device and a speech decoding 
device are equipped with prediction filters for predicting spectrum 
information of an input speech signal. The parameter of the 
prediction filter provided in the speech decoding device which 

10 constitutes the transmission side must be made coincident with the 
parameter of the prediction filter provided in the speech decoding 
device which constitutes the receiving side. In the case that this 
prediction filter is such a type of algorithm for updating the past 
parameter based upon a newly inputted speech signal, in order to 

15 make the parameter of the encoding device coincident with the 
parameter of the decoding device, when the encoding device is 
connected to the decoding device (namely, when a bearer circuit 
is newly assigned), both of these encoding/decoding devices are 
required to be operated from such a condition that these parameters 

20 thereof are initialized (reset). This operation is referred to as 
"a synchronous reset" executed between the speech coding device 
and the speech decoding device. 

As a result, the speech encoding unit 3 may realize this 
synchronous reset in such a manner that this speech encoding unit 
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3 initializes the above-explained parameters with respect to the 
trunk channel operated under such a condition that the bearer has 
been assigned based upon the assignment/no-assignment information 
of the bearer circuit, which is changed from another trunk channel 
5 condition where the bearer circuit is not assigned. Also, in the 
speech decoding device, when input operation of the encoded signal 
from the bearer circuit is commenced, the speech decoding device 
initializes the parameter thereof. 

The message producing unit 5 produces an assignment message 
10 to be transmitted to an apparatus on the opposite side on the bearer, 
based on an assignment result entered from the assignment control 
unit 4 . 

In this case, in order to explain the assignment message, Fig. 
17 shows a structural example of a frame of a signal (DCME frame) 
15 . which is outputted by the DCME to the bearer circuit. 

In this example, there are 248 channels of bearer channels 
(BC) and a message channel. The speech encoded data is transmitted 
via the bearer channels on the bearer circuit. The assignment 
message is transmitted via the message channel on the bearer circuit. 
20 Each of the BC channels owns a capacity of 8 Kbit/s, and therefore, 
can transmit speech encoded data of 8 Kbit/s corresponding to 24 8 
channels at maximum. Also, the speech encoded data of 40 Kbit/s 
are transmitted by using 5 channels of the BC channels. 

Normally, the length of this DCME frame is selected to be longer 



than the 8 Kbit/s speech encoding frame length and the 4 0 Kbit/s 
speech encoding frame length by an integer multiplication. For 
example, in the case that the 8 Kbit/s speech encoding frame length 
is equal to 10 ms and the 40 Kbit/s speech encoding frame length 
5 is equal to 2.5 ms, the DCME frame length may be selected to be 
10 ms. Subsequently, in this specification, assuming that this 
length of the DCME frame is equal to 10 ms, the explanation is made 
(bit number of each BC is equal to 10 ms x 8000 = 0.01 s x 8000 
= 80 bits) . 

10 Also, 4 sets of messages are transmitted through the message 

channel. A pair of a trunk channel number (TC number) and a bearer 
channel number (BC number) may constitute 1 message. For instance, 
when the number 5 of trunk channel is newly connected to the number 
3 of bearer channel, such a message of TC number = 5 and BC number 

15 = 3 is transmitted by employing one message. Normally in the case 
that TC number = 0 indicates "remove", for example, when the trunk 
channel connected to BC50 is removed, such a message of TC number 
= 0 and BC number = 50 is transmitted. 

As previously explained, the assignment message is used to 

20 notify such assignment message to the apparatus on the opposite 
side of the barer, namely how each of the trunk channels is assigned 
to the bearer circuit. In order to save the capacity of the message 
channel, only changing information about the assignment condition 
is notified as this assignment message. As a consequence, in such 
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a case that there are large change amounts, for example , in the 
case that a large number of trunk channels are transmitted from 
silent states to active states at the same time, there is a certain 
possibility that some channels would wait for assignments to bearer 
5 circuits. 

Based on the assignment result to the bearer circuit obtained 
from the assignment control unit 4, the multiplexing unit 6 
multiplexes the encoded signals of the respective trunk channels 
derived from the speech encoding unit 3 to output the multiplexed 

10 encoded signal to the bearer circuit. Also, this multiplexing unit 
6 multiplexes the assignment messages entered from the message 
producing unit 5 to output the multiplexed assignment message to 
the bearer circuit. 

Subsequently, a description will now be made of operations 

15 of the DCME on the receiving side. 

The separating unit 7 inputs thereinto both the encoded signal 
derived from the bearer circuit and the signal on which the 
assignment message is multiplexed, and then outputs the assignment 
message to the message decrypting unit 8 and further outputs the 

20 encoded signal to the speech decoding unit 9. It should be noted 
that when the separating unit 7 separates the encoded signal, the 
decrypt result of the assignment message is entered from the message 
decrypting unit 8 so as to separate this encoded signal based upon 
this decrypt result. 



The message decrypting unit 8 inputs the assignment message 
from the separating unit 7, and then outputs the message decrypt 
result to the separating unit 7 and at the same time outputs both 
the assignment/no-assignment information and the encoding rate 
5 information of each of the trunk channels to the speech decoding 
unit 9. The speech decoding unit 9 decodes the encoded signal 
entered from the separating unit 7 based on the information entered 
from the message decrypting unit 8 to thereby produce a PCM signal, 
and then outputs this PCM signal to the respective channels provided 
" 10 on the trunk side. 

As previously explained, the DCME encodes the 64 Kbit/s PCM 
signals supplied from the respective trunk channels by way of the 
-: low-bit-rate encoding manner to obtain either the 8 Kbit/s PCM 
signal or the 40 Kbit/s PCM signal. Furthermore, the DCME transmits 
- 15 such a PCM signal with a top priority, which is judged as a "active" 
PCM signal. As a consequence, this DCME can transmit the telephone 
speech signal and the facsimile signal in a low-bit-rate. 

On the other hand, the following case will now be considered. 
As shown in Fig. 18, such DCMEs are arranged at, for example, 3 
20 points, and thus, a network structure is constituted. 

Assuming now that the DCMEs are used in the international 
telephone communication, these points "A", "B", and "C" correspond 
to, for example, communication points in the respective countries 
such as Japan, USA, and UK. In this network system of Fig. 18, when 
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a telephone communication is established between a telephone set 
110 and a telephone set 111/ a telephone communication signal 
produced from the telephone set 110 is low-bit-rate encoded by the 
DCME 100, and thereafter, this encoded telephone communication 
5 signal is decoded by the DCME 101 to produce a PCM signal. This 
PCM signal is transmitted via a exchange 106 to the DCME 102. In 
this DCME 102, this PCM signal is again low-bit-rate encoded in 
a low-bit-rate and then the encoded PCM signal is transmitted to 
the DCME 103. In this DCME 103, this low-bit-rate encoded signal 

10 is decoded to obtain a PCM signal which will then be supplied to 
the telephone set 111. 

As previously explained, when the DCMEs are used in such a 
network structure as shown in Fig. 18, both the low-bit-rate 
encoding operation and the decoding operation are repeated two times , 

15 resulting in degradation of the telephone communication quality. 

To avoid such a problem, such a technique called as "tandem 
pass-through" has been practically used in the voice ATM 
communication field and the like. 

Fig. 19 is a structural diagram for indicating the voice ATM 

20 transmission apparatus 60 equipped with the tandem pass-through 
function disclosed in Japanese Laid-open Patent Application No. 
Hei-10-190667. 

In Fig. 19, reference numeral 10 shows a cell disassembling 
unit for disassembling an ATM cell entered from a bearer circuit 
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side to output the disassembled ATM cell, reference numeral 9 
represents a speech decoding unit for decoding a encoded signal 
to output a PCM signal, reference numeral 3 indicates a speech 
encoding unit for encoding the PCM signal inputted from the trunk 
5 side to output a encoded signal, and reference numeral 11 shows 
a cell assembling unit for assembling the entered encoded signals 
to output an ATM cell. Also, reference numeral 12 is a pseudo speech 
signal producing unit for converting either the 8 Kbit/s encoded 
signal or the 4 0 Kbit/s encoded signal into such a 64 Kbit/s signal 

10 which can be handled by the exchange without executing the decoding 
operation to output a pseudo speech signal (for example, in case 
of 8 Kbit/s encoded signal, dummy data of 56 Kbit/s is added to 
this encoded signal so as to produce pseudo signal of 64 Kbit/s), 
and reference numeral 13 shows a transmission rate recovering unit 

15 for deleting the dummy data of 5 6 Kbit/s from the pseudo speech 
signal inputted from the exchange side to convert this pseudo speech 
signal into the encoded signal having the original encoding rate. 

Also, reference numeral 14 indicates a second comfort noise 
generating unit for generating comfort noise equivalent to 

20 background noise during telephone conversation, reference numeral 
15 shows a first comfort noise generating unit for generating 
comfort noise equivalent to background noise during telephone 
conversation, reference numeral 16 is a first pattern interpolating 
unit for interpolating a second pattern signal used to cause a voice 
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ATM transmission apparatus as a counter-party apparatus during 
relay operation to recognize a relay connection, reference numeral 
17 is a second pattern interpolating unit for interpolating a first 
pattern signal used to cause a voice ATM transmission apparatus 
5 as a counter-party apparatus during relay operation to recognize 
such a fact that the own voice ATM transmission apparatus detects 
the first pattern signal to be brought into relay/ switch condition, 
reference numeral 18 is a first pattern detecting unit for detecting 
the first pattern signal supplied from the voice ATM transmission 
10 apparatus as the counter-party apparatus during relay operation, 
and also, reference numeral 19 is a second pattern detecting unit 
for detecting the second pattern signal supplied from the voice 
ATM transmission apparatus as the counter-party apparatus during 
relay operation. 

3 15 Furthermore, reference numeral 2 0 shows a selector for 

selectively switching the input signal from the speech encoding 
unit 3, and the input signal from the transmission rate recovering 
unit 13, reference numeral 21 indicates a selector for selectively 
switching the input signal from the first pattern interpolating 
20 unit 16 and the input signal from the pseudo speech signal producing 
unit 12, reference numeral 22 indicates a selector for selectively 
switching the input signal from the second comfort noise generating 
unit 14 and the input signal from the pseudo speech signal producing 
unit 12, reference numeral 23 represents a selector for selectively 
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switching the input signal from the first comfort noise generating 
unit 15 and the input signal from the selector 20, and reference 
numeral 24 shows an AND gate circuit for outputting "1" when either 
one of the input signals derived from the first pattern detecting 
5 unit 18 and the second pattern detecting unit 19 becomes "1", and 
outputs "0", if not. 

Next, assuming that the voice ATM transmission apparatus 60 
equipped with the arrangement shown in Fig. 19 is applied to the 
positions of the DCME 100, the DCME 101, the DCME 102, and the DCME 

10 103 shown in Fig. 18, operations of this voice ATM transmission 
apparatus will now be explained. 

First, in the case that a telephone communication is 
established between the telephone set 110 and the telephone set 
112 in Fig. 18 (namely, when tandem connection is not made), a 

15 description will now be made of operations in the case that the 
voice ATM transmission apparatus 60 shown in Fig. 18 is installed 
at the position of the DCME 101. 

First of all, in Fig. 19, as the initial condition, the selector 
21 selects the input signal from the first pattern interpolating 

20 unit 16, the selector 20 selects the input signal from the speech 
encoding unit 3, the selector 22 selects the input signal from the 
pseudo speech signal generating unit 12, and the selector 23 selects 
the input signal from the selector 20, respectively. It should be 
noted that when the control input signal becomes "0", these 
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selectors 20 , 21, 22, 23 select the input signals of the initial 
condition side. 

In the case that the telephone sets are not tandem-connected 
by the exchange, both the first pattern detecting unit 18 and the 
5 second pattern detecting unit 19 do not detect the first pattern 
signal and the second pattern signal from the input signal of the 
trunk side. As a result, the first and second pattern detecting 
units 18 and 19 output "0" which may indicate that these pattern 
detecting units 18/19 are not operated under detection states. As 

10 a result, the operations of the selectors 20, 21, 22, and 23 are 
not different from the initial conditions. As a consequence, the 
speech signal path provided on the transmission side may constitute 
such a path passing through the speech encoding unit 3, the selector 
20, the selector 23, and the cell assembling unit 11. Also, the 

15 speech signal path provided on the receiving side may constitute 
such a path passing through the cell disassembling unit 10, the 
speech decoding unit 9, the first pattern interpolating unit 16, 
and the selector 21, so that the normal speech decoding operation 
and the normal speech encoding operation are carried out. 

20 Now, in the receiving-sided path, the first pattern 

interpolating unit 16 interpolates the first pattern with respect 
to the PCM speech signal outputted from the speech decoding unit 
9. The PCM signal outputted from the speech decoding unit 9 may 
become a signal of 64 Kbit/s. That is, this PCM signal corresponds 

14 



to a signal produced by that the speech signal waveform is sampled 
every 125 microseconds, and then the amplitude of the sampled 
waveform is quantized by 8 bits, namely 8/125 microseconds = 
8/0.000125 = 64000. In order that the speech quality is not degraded 
5 due to this pattern interpolation, the first pattern interpolating 
unit 16 executes such an operation that only LSB contained in the 
8-bit quantized value is bit-stolen every several sampling 
operations so as to embed a specific pattern into this PCM signal. 
As a result, even when the first pattern is interpolated, while 

10 no adverse influence is given to the original PCM speech signal 
waveform, the telephone communication can be carried out. The 
voice ATM transmission apparatus located at the DCME 100 which is 
connected via the bearer circuit to the DCME 101 as the counter-party 
apparatus is operated in a similar manner to that of the DCME 101. 

15 Next, a description will now be made of operations of such 

voice ATM transmission apparatus arranged at the positions of the 
DCME 101 and the DCME 102 in the case that the telephone sets are 
relay-connected (tandem-connected) by the exchange, namely, in such 
a case that a telephone communication is established between the 

20 telephone set 110 and the telephone set 111 in Fig. 18. 

Fig. 20 is a structural diagram for showing such a case that 
exchange sides of voice ATM transmission apparatuses are 
relay-connected. It should be noted that the same reference 
numerals shown in Fig. 18 and Fig. 19 will be employed as those 

15 



for denoting the same, or similar circuit components indicated in 
Fig. 20, and explanations thereof are omitted. In Fig. 20, 
reference numerals 60B and 60C show two voice ATM transmission 
apparatuses which constitute a pair, and are connected via a 
exchange 106 to each other. 

When such a connection is made by the exchange, as a first 
stage, the first pattern detecting unit 18 employed in the voice 
ATM transmission apparatus 60B detects the first pattern which is 
interpolated by the first pattern interpolating unit 16 employed 
in the voice ATM transmission apparatus 6 0C, and then outputs "1" 
implying such a signal that the first pattern is detected. Also, 
the second pattern detecting unit 18 employed in the voice ATM 
transmission apparatus 60C detects the second pattern which is 
interpolated by the second pattern interpolating unit 16 employed 
in the voice ATM transmission apparatus 6 OB, and then outputs "1" 
implying such a signal that the second pattern is detected. As a 
consequence, the conditions of both the voice ATM transmission 
apparatuses 60B and 60C are changed as follows: The output of the 
AND gate circuit 24 becomes "1", the selector 21 selects/outputs 
the input signal derived from the second pattern interpolating unit 
17, the selector 22 selects/outputs the input signal derived from 
the second comfort noise generating unit 14, and the selector 23 
selects /outputs the input signal derived from the first comfort 
noise generating unit 15. In the voice ATM transmission 
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apparatuses 60B and 60C operated under this condition, the signal 
path provided on the receiving side may constitute the second 
comfort noise generating unit 14, the selector 22, the second 
pattern interpolating unit 17, and the selector 21, whereas the 
5 signal path provided on the transmission side may constitute the 
first comfort noise generating unit 15, the selector 23, and the 
cell assembling unit 11. 

In this case, the second comfort noise generating unit 14 
outputs the comfort noise having the 64 Kbit/s PCM format. The 

10 second pattern interpolating unit 17 interpolates the second 
pattern with respect to the PCM signal outputted from the second 
comfort noise generating unit 14 . In order that this second pattern 
can be discriminated from the above-explained first pattern, and 
also does not give a large adverse influence to the outputs of the 

L5 comfort noise generating unit, the following operation is carried 
out. For example, only second bit located at the lower bits of the 
8-bit quantized value is bit-stolen every several sampling 
operations with respect to the input PCM signal, and a specific 
pattern is embedded. As previously explained, the voice ATM 

20 transmission apparatuses 60B and 60C may output a silent PCM signal 
into which the second pattern has been interpolated with respect 
to the exchange side. Also, the first comfort noise generating unit 
15 outputs either 8 Kbit/s encoded silent signal or the comfort 
noise. As a result, the voice ATM transmission apparatuses 60B and 
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60C may also output either the silent signal or the comfort noise 
with regard to the bearer circuit side. 

At the next stage, such a silent PCM signal into which the 
second pattern has been interpolated is entered from the exchange 
5 side to the voice ATM transmission apparatuses 60B and 60C. As a 
result, the second pattern detecting unit 19 detects the second 
pattern in this silent PCM signal, and thus, outputs "1" indicative 
of this pattern detection. As a consequence, the selector 20 selects 
the input signal derived from the transmission rate recovering unit 

10 13 to output the selected signal . Since the first pattern detecting 
unit 18 does not detect the first pattern, this first pattern 
detecting unit 18 outputs "0" indicative of no pattern detection. 
As a result, the condition is changed in such a manner that the 
selector 23 selects /outputs the input signal derived from the 

15 selector 20, and the selector 22 selects /outputs the input signal 
produced from the pseudo speech signal producing unit. 

As to the state of the selector 21, since the output from the 
AND gate circuit 24 maintains the state of "1" (since second pattern 
is detected instead of first pattern), this selector 21 maintains 

20 such a state that the input signal from the second pattern detecting 
unit 17 is selected to be outputted. It should be noted that the 
pseudo speech signal producing unit 12 produces the pseudo speech 
signal of 64 Kbit/s by adding the dummy bit to the 8 Kbit/s encoded 
signal entered from the cell disassembling unit. The second 
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pattern is interpolated to a portion of this pseudo speech signal 
by the second pattern interpolating unit. In other words, the 8 
Kbit/s encoded signal is outputted without any problem by assembling 
the pseudo speech signal in such a way that a portion to be destroyed 
5 may constitute a dummy bit. Since this pseudo speech signal is 
inputted into the transmission rate recovering unit 13, the 8 Kbit/s 
encoded signal is extracted from this pseudo speech signal to be 
supplied to the selector 20. 

When the apparatus is operated in accordance with the 

10 above-explained manner, it can be seen that the pass-through 
operation can be realized. In other words, in the voice ATM 
transmission apparatus 60B, the encoded signal whose cells are 
disassembled by the cell disassembling unit 10 is finally 
transmitted to the cell assembling unit 11 of the voice ATM 

15 transmission apparatus 60C, whereas to the contrary, in the voice 
ATM transmission apparatus 60C, the encoded signal whose cells are 
disassembled by the cell disassembling unit 10 is finally 
transmitted to the cell assembling unit 11 of the voice ATM 
transmission apparatus 6 OB. 

20 If the above-described tandem pass-through function is applied 

also to the DCME shown in Fig. 16, it is expectable that even when 
the telephone speech signal is transmitted via a plurality of DCME 
links, this telephone speech signal can be transmitted without 
degrading the sound quality thereof. 
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However / when this tandem pass-through technique is applied 
to a DCME, the below-mentioned problems occur. 

For example, the following case will now be considered. That 
is, in the Fig. 18, the tandem pass-through operation is realized 
in the case that while a telephone communication is established 
between the telephone set 110 and the telephone set 111, this 
communication signal is transmitted through a single trunk channel 
connected between the DCME 101 and the DCME 102. 

In this case, the assignment of the bearer circuit from the 
DCME 100 to the DCME 101 is changed, depending upon both the 
active/silence state and the signal discrimination state, which 
are detected in the DCME 100. For example, when the telephone 
communication signal produced from the telephone set 100 becomes 
silent (silent) , the connection between the bearer circuit and this 
trunk channel along the direction defined from the DCME 100 to the 
DCME 101 may be removed. This information on bearer assignment may 
be notified by embedding the active/silence information into the 
pseudo speech signal which is transmitted from the DCME 101 to the 
DCME 102. Then, the DCME 102 may determine the assignments of this 
trunk channel to the bearer circuit based upon the active/silence 
information embedded in this pseudo speech signal. 

However, when the bearer circuit is assigned, such a channel 
operated under silent state is searched from the trunk channels 
under connection with the bearer circuit, and thereafter, the bearer 



20 



circuit assignment must be rearranged. Assuming now that all of 
the trunk channels connected to the bearer circuits are operated 
under active states, the bearer circuit assignments of a trunk 
channel witch newly become under active state may be waited. When 
5 the bearer circuit assignment is brought into the waiting state, 
a portion of the "active" speech signal is dropped, and therefore, 
a so-called "freeze out" phenomenon will occur. In general, if the 
time rate of the "freeze out" phenomenon occurs with respect to 
the entire active time, namely freeze out fraction ratio is smaller 

10 than, or equal to 0.5 percents, substantially no detection can be 
made of degradations in telephone communications. 

However, when such a freeze out phenomenon occurs in the trunk 
channel operated under tandem pass -through connection, not only 
a portion of the speech signal is dropped out, but also another 

15 problem may be newly produced. That is, the speech coding device 
and the speech decoding device cannot be reset in the synchronous 
resetting mode. It should also be noted that such a freeze out 
phenomenon may be produced by limiting a total number of messages. 
As previously explained, when the synchronous resetting 

20 operation cannot be realized between the speech coding device and 
the speech decoding device, the internal parameters of both devices 
are not made coincident with each other. As a result, degradations 
of the telephone communication quality may be considerably induced. 
Furthermore, a similar inconvenient case may occur in such 
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a case that the speech encoding rate is changed, due to the change 
in the speech/data discrimination state, and thus, the bearer 
circuit assignment rate is changed. 

For instance, considering now such a condition that the bearer 
circuit assignment rate from the DCME 100 to the DCME 101 is changed 
from 8 Kbit/s to 40 Kbit/s, the tandem pass-through function may- 
be expectedly realized when the following operation is basically- 
carried out. That is, similar to the active/silence information, 
while the encoding rate information is embedded in the pseudo speech 
signal, the bearer circuit assignment is determined based on this 
information in the DCME 102. 

However, in such a case that a change in the bearer circuit 
assignment rate is brought into a waiting state in the DCME 102 
due to a lack of total bearer circuit capacity to be assigned and 
also a limitation in total message number, such a problem may occur 
in which in this trunk channel, there is no signal to be outputted 
to the bearer circuit (namely, bearer circuit assignment is selected 
to be 8 Kbit/s whereas encoded data extracted from pseudo speech 
signal is 40 Kbit/s ) . As a result, while such a problem is continued, 
a certain invalid signal should be necessarily outputted to the 
DCME 103. As a consequence, there is a certain possibility that 
extraordinary sounds may be reproduced from the speech decoding 
device in the DCME 103. 

Also, when the bearer circuit assignment rate is changed into 
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40 Kbit/s after a certain time period has passed, since the encoded 
data are lost by such a data quantity corresponding to the waiting 
time period for the assignment change, the internal parameter of 
the speech decoding device employed in the DCME 100 is not made 
5 coincident with the internal parameter of the speech decoding device 
employed in the DCME 103 , resulting in degradation in the telephone 
communication quality. 

As described above, in the conventional technique, when the 
tandem pass-through function is attempted to be installed in DCME, 

10 the bearer circuit assignment change is delayed, with the result 
that a speech coding device and a speech decoding device can not 
be reset in a synchronous resetting mode in DCME provided on both 
ends of the transmission path, which causes disagreement of the 
internal parameter thereof, and arises a problem of degradation 

15 in the telephone communication quality 

SUMMARY OF THE INVENTION 

The present invention has been made to solve the problems of 
the prior art, and therefore, has an object to provide such a digital 
20 circuit multiplication equipment equipped with a tandem pass- 
through function, by which a speech coding device and a speech 
decoding device can be reset in a synchronous resetting mode. 

In a digital circuit multiplication equipment equipped with 
a tandem pass-through function capable of passthrough-transmitting 
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a signal with respect to a trunk channel repeated/connected thereto 
via a exchange, while not performing both a low-bit-rate speech 
encoding operation and also a low-bit-rate speech decoding 
operation, the digital circuit multiplication eguipment according 
5 to an aspect of the invention comprises means for transmitting 
(notifying) the number of trunk channel operated under pass-through 
operation to another digital circuit multiplication eguipment 
connected via a bearer circuit and means for continuously assigning 
a bearer circuit with respect to the number of trunk channel number 

10 operated under pass-through operation. 

Also, it is characterized in that said means for transmitting 
(notifying) the number of said trunk channel operated under 
pass-through operation to another digital circuit multiplication 
equipment connected thereto via the bearer circuit transmits 

15 (notifies) the trunk channel number by employing a specific bearer 
channel number contained in an assignment message of a bearer 
circuit. 

Further, it is characterized in that said means for 
transmitting (notifying) the number of said trunk channel operated 
20 under pass-through operation to another digital circuit 
multiplication equipment connected thereto via the bearer circuit 
transmits (notifies) the trunk channel number by employing a 
specific bearer channel number contained in an assignment message 
of a bearer circuit. 
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Furthermore, in a digital circuit multiplication equipment 
equipped with a tandem pass-through function capable of 
passthrough-transmitting a signal with respect to a trunk channel 
repeated/connected thereto via a exchange, while not performing 
5 ... both a low-bit-rate speech encoding operation and also a low- 
bit-rate speech encoding operation, the digital circuit 
multiplication equipment according to another aspect of the 
invention comprises means for continuously assigning a trunk 
channel operated under pass-through operation to a bearer circuit. 
j.0 Still further, in a digital circuit multiplication equipment 

equipped with a tandem pass-through function capable of 
passthrough-transmitting a signal with respect to a trunk channel 
repeated/connected thereto via a exchange, while not performing 
both a low-bit-rate speech encoding operation and also a low- 
-15 bit-rate speech encoding operation, the digital circuit 
multiplication equipment according to a further aspect of the 
invention comprises means for embedding information into a signal 
which is outputted with respect to a trunk channel operation under 
pass-through operation, said information indicating as to whether 
20 or not a encoded speech signal derived from a bearer circuit is 
present, means for detecting from an input signal of a trunk channel 
operated under pass-through operation, information indicating as 
to whether or not said encoded speech signal derived from said bearer 
circuit is present, means for outputting a first invalid encoded 

25 



signal indicative of being equal to an invalid encoded signal with 
respect to the bearer circuit in such a case that the encoded speech 
signal derived from the bearer circuit is not contained in the input 
signal of the trunk channel operated under the pass-through 
5 operation, a speech decoding device for outputting only a signal 
different from said first invalid encoded signal, and means for 
outputting a silent (silent) PCM signal in a trunk channel which 
receives said first invalid encoded signal from the bearer circuit. 
Yet still further, in a digital circuit multiplication 

10 equipment equipped with a tandem pass-through function capable of 
passthrough-transmitting a signal with respect to a trunk channel 
repeated/connected thereto via a exchange, while not performing 
both a low-bit-rate speech encoding operation and also a low- 
bit-rate speech encoding operation, the digital circuit 

15 multiplication equipment according to an additional aspect of the 
invention comprises means for synthesizing a first invalid encoded 
signal which indicates that in a trunk channel operated under 
pass-through operation, where an input signal from a bearer circuit 
is not supplied, a encoded signal thereof is invalid with an output 

20 signal of said trunk channel a speech decoding device for outputting 
only a signal different from a signal for indicating that the encoded 
signal is invalid with respect to said bearer circuit and means 
for outputting a silent PCM signal in a trunk channel for receiving 
said first invalid encoded signal from the bearer circuit. 
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Furthermore, it is characterized in that said digital circuit 
multiplication equipment is further comprises means for determining 
an assignment of the trunk channel operated under pass-through 
operation to the bearer circuit by employing such information for 
indicating as to whether or not a encoded speech signal derived 
from the bearer circuit is present in the input signal of the trunk 
channel and means for delaying a encoded signal contained in an 
input signal of a trunk channel in such a case that when a state 
under which the encoded speech signal is not present from the bearer 
circuit contained in the input signal of the trunk channel operated 
under pass-through operation is transmitted to another state under 
which the encoded speech signal is present, the assignment of said 
trunk channel to the bearer circuit is delayed, and for starting 
to output said delayed encoded signal after the trunk channel has 
been assigned to the bearer circuit. 

In addition, it is characterized in that said digital circuit 
multiplication equipment is further comprise means for outputting 
encoded speech signals which correspond to plural frames and have 
been inputted from the bearer circuit in the past with respect to 
the trunk channel operated under pass-through operation, means for 
extracting said encoded speech signal corresponding to the plural 
frames from the input signal of the trunk channel operated under 
pass-through operation and means for outputting old encoded speech 
signals by the delayed assignment number from the encoded speech 
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signals corresponding to the plural frames , which are extracted 
from the input signal of said trunk channel in such a case that 
when a state under which the encoded speech signal is not present 
from the bearer circuit contained in the input signal of the trunk 
5 channel operated under pass-through operation is transmitted to 
another state under which the encoded speech signal is present, 
the assignment of said trunk channel to the bearer circuit is delayed, 
and for starting to output said delayed encoded signal after the 
trunk channel has been assigned to the bearer circuit. 

10 Still further, it is characterized in that said digital circuit 

multiplication equipment is further comprises means for embedding 
information indicative of a encoding rate of a encoded speech signal 
from the bearer circuit into a signal which is outputted with respect 
to a trunk channel operated under pass-through operation, means 

15 for detecting the information indicative of said encoding rate from 
the input signal of the trunk channel operated under pass-through 
operation, means for determining an assignment of said trunk channel 
to the bearer circuit by using said encoding rate detected from 
the input signal of the trunk channel operated under pass -through 

20 operation, and means for delaying the encoded signal contained in 
the input signal of the trunk channel in such a case that when the 
encoding rate of the encoded speech signal contained in the input 
signal of the trunk channel operated under pass-through operation 
is transmitted, the assignment rate change of said trunk channel 
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to the bearer circuit is delayed, and for starting to output the 
delayed encoded signal after the bearer circuit assignment rate 
has been changed. 

Yet still further, it is characterized in that said digital 
5 circuit multiplication equipment is further comprises means for 
outputting a second invalid encoded signal to the bearer circuit 
until the assignment rate to the bearer circuit is changed, said 
second invalid encoded signal indicating that said signal is an 
invalid encoded speech signal, in such a case that when the encoding 

10 rate of the encoded speech signal contained in. the input signal 
of the trunk channel operated under pass-through operation is 
transmitted, the assignment rate change of said trunk channel to 
the bearer circuit is delayed, a speech decoding device for 
outputting only such a signal different from both said first invalid 

15 encoded signal and said second invalid encoded signal, and means 
for outputting a silent PCM signal in the case that said first 
invalid encoded signal is entered from the bearer circuit, and also 
for outputting a prediction PCM signal for predicting a PCM signal 
which should be subsequently outputted in such a case that said 

20 second invalid encoded signal is inputted. 

Moreover, it is characterized in that said digital circuit 
multiplication equipment is further comprises means for embedding 
information indicative of a encoding rate of a encoded speech signal 
from the bearer circuit into a signal which is outputted with respect 
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to a trunk channel operated under pass-through operation, means 
for detecting the information indicative of said encoding rate from 
the input signal of the trunk channel operated under pass-through 
operation, means for determining an assignment of said trunk channel 
5 to the bearer circuit by using said encoding rate detected from 
the input signal of the trunk channel operated under pass-through 
operation, means for delaying the encoded signal contained in the 
input signal of the trunk channel in such a case that when the 
encoding rate of the encoded speech signal contained in the input 

10 signal of the trunk channel operated under pass-through operation 
is transmitted from a low rate to a high rate, the assignment rate 
change of said trunk channel to the bearer circuit is delayed, and 
for starting to output the delayed encoded signal after the 
assignment rate the bearer circuit has been changed, means for 

15 outputting a second invalid encoded signal to the bearer circuit 
until the assignment rate to the bearer circuit is changed, said 
second invalid encoded signal indicating that said signal is an 
invalid encoded speech signal, in such a case that when the encoding 
rate of the encoded speech signal contained in the input signal 

20 of the trunk channel operated under pass-through operation is 
transmitted from the low rate to the high rate, the assignment rate 
change of said trunk channel to the bearer circuit is delayed, means 
for synthesizing the encoded signal contained in the input signal 
of said trunk channel with such information for indicating such 
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a fact that the encoded signal of the lower encoding rate is 
contained in the case that when the encoding rate of the encoded 
speech signal contained in the input signal of the trunk channel 
operated under pass-through operation is transferred from a high 
rate to a low rate, the assignment rate change of said trunk channel 
to the bearer circuit is delayed, and then for outputting the 
synthesized encoded signal to the bearer circuit, a speech decoding 
device for outputting only such a signal different from both said 
first invalid encoded signal and said second invalid encoded signal, 
and means for outputting a silent PCM signal in the case that said 
first invalid encoded signal is entered from the bearer circuit, 
and for outputting a prediction PCM signal for predicting a PCM 
signal which would be subsequently outputted in such a case that 
said second invalid encoded signal is inputted; and further for 
extracting the encoded signal of the low rate to be decoded into 
a PCM signal in such a case that such a signal is inputted in which 
said encoded signal of the low rate is synthesized with the 
information for indicating that the encoded signal of the low rate 
is contained. 

Still, it is characterized in that when a speech encoding 
system corresponds to the ADPCM system defined in the ITU-T 
recommendation G.72 6, a encoded signal which is not defined by said 
ITU-T recommendation and contains such encodes, all of which for 
1 sample are equal to "1", is used as said first invalid encoded 
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signal . 

Further still , it is characterized in that when a speech 
encoding system corresponds to the CELP system, a encoded signal 
containing a vector is used as said first invalid encoded signal, 
5 the use frequency of which vector being low when a speech signal 
is inputted into the encoding device. 

In addition, it is characterized in that when a speech encoding 
system corresponds to the ADPCM system defined in the ITU-T 
recommendation G.726, a encoded signal which contains such encodes, 
10 all of which for 1 sample are equal to "1" , which is not defined 
by said ITU-T recommendation, is used as said second invalid encoded 
signal. 

Finally, it is characterized in that when a. speech encoding 
system corresponds to the CELP system, a encoded signal containing 
15 a vector is used as said second invalid encoded signal, the use 
frequency of which vector being low when a speech signal is inputted 
into the encoding device. 

RRTEF DESCRIPTION OF THE PREFERRED EMBODIMENTS 
20 For a better understanding of the present invention, reference 

is made of a detailed description to be read in conjunction with 
the accompanying drawings, in which: 

Fig. 1 is a schematic block diagram for showing an entire 
arrangement of a digital circuit multiplication equipment (DCME) 
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according to an embodiment mode 1 of the present invention; 

Fig. 2 is a schematic block diagram for representing an entire 
arrangement of a digital circuit multiplication equipment (DCME) 
according to an embodiment mode 3 of the present invention; 
5 Fig. 3 is a schematic block diagram for indicating an internal 

arrangement of the transmission rate recovering unit 13 shown in 
Fig. 2; 

Fig. 4 is a schematic block diagram for showing an internal 
arrangement of the speech decoding unit 9 shown in Fig. 2; 
10 Fig. 5 is a schematic block diagram for showing an entire 

arrangement of a digital circuit multiplication equipment (DCME) 
according to an embodiment mode 13 of the present invention; 

Fig. 6 is a schematic block diagram for representing an entire 
arrangement of a digital circuit multiplication equipment (DCME) 
15 according to an embodiment mode 14 of the present invention; 

Fig. 7 is a schematic block diagram for indicating an internal 
arrangement of the transmission rate recovering unit 13 shown in 
Fig. 6; 

Fig. 8 is a schematic block diagram for showing an internal 
20 arrangement of the pseudo speech signal producing unit 12 employed 
in a digital circuit multiplication equipment according to an 
embodiment mode 15 of the present invention; 

Fig. 9 is a schematic block diagram for indicating an internal 
arrangement of the transmission rate recovering unit 13 employed 
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in the digital circuit multiplication equipment according to the 
embodiment mode 15 of the present invention; 

Fig. 10 is a schematic block diagram for showing an entire 
arrangement of a digital circuit multiplication equipment (DCME) 
5 according to an embodiment mode 16 of the present invention; 

Fig. 11 is a schematic block diagram for indicating an internal 
arrangement of the pseudo speech signal producing unit 12 shown 
in Fig. 10; 

Fig. 12 is a schematic block diagram for showing an internal 
10 arrangement of the transmission rate recovering unit 13 shown in 
Fig. 10; 

Fig. 13 is a schematic block diagram for indicating an internal 
arrangement of the speech decoding unit 9 employed in a digital 
circuit multiplication equipment according to an embodiment mode 
15 17 of the present invention; 

Fig. 14 is a schematic block diagram for indicating an internal 
arrangement of the transmission rate recovering unit 13 employed 
in a digital circuit multiplication equipment according to an 
embodiment mode 18 of the present invention; 
20 Fig. 15 is a schematic block diagram for showing an internal 

arrangement of the speech decoding unit 9 of the digital circuit 
multiplication equipment of the embodiment mode 18; 

Fig. 16 is a schematic block diagram for showing the entire 
arrangement of the conventional digital circuit multiplication 
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egu ipment ( DCME ) ; 

Fig. 17 is a frame (DCME frame) structural diagram of the signal 
outputted by the digital circuit multiplication equipment (DCME) 
to the bearer circuit; 
5 Fig. 18 is a schematic diagram for schematically indicating 

the network in which the digital circuit multiplication equipmentes 
(DCME) are arranged at three points; 

Fig. 19 is a schematic diagram for schematically showing the 
voice ATM transmission apparatus 60 equipped with the tandem 
10 pass-through function, disclosed in Japanese Laid-open Patent 
Application No. Hei-10-1 90667 ; and 

Fig. 2 0 is a schematic diagram for schematically representing 
such a case that the switching-unit-sided terminal of the voice 
ATM transmission apparatus is connected. 

15 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 
EMBODIMENT MODE 1 

Fig. 1 is a block diagram for schematically representing an 
entire arrangement of a digital circuit multiplication equipment 
20 (DCME) according to an embodiment mode 1 of the present invention. 

It should be noted that the same reference numerals shown in 
Fig. 16, Fig. 19, and Fig. 20 will be employed as those for denoting 
the same, or the same circuit units indicated in Fig. 1, and 
explanations thereof are omitted. In Fig. 1, newly employed 
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reference numerals are given as follows : That is , reference numeral 
25 indicates an AND gate circuit, reference numeral 26 represents 
an OR gate circuit, and reference numeral 2 7 indicates a pass- 
through notifying message generating unit. The pass-through 
5 notifying message generating unit 27 generates a message used to 
notify a trunk channel operated under pass-through operation to 
a DCME on the opposite side of the bearer functioning as a 
counter-party apparatus . 

Next, operations of the digital circuit multiplication 

10 equipment (will be simply referred to as a "DCME" hereinafter) 
indicated in Fig. 1 will be described. 

In Fig. 1, a active judging unit 1, a signal discriminating 
unit 2, a speech (audio) encoding unit 3, an assignment control 
unit 4, a multiplexing unit 6, a separating unit 7, a message 

15 decrypting unit 8, and also a speech (audio) decoding unit 9 are 
operated in a similar manner to those of the DCME indicated in Fig. 
16. In addition to the operation of the DCME shown in Fig. 16, a 
new operation required to realize a pass-through operation is 
additionally provided with this message decrypting unit 8 which 

20 will be described later. It should also be noted that each of the 
below-mentioned circuit blocks performs a plurality of functional 
operations, a total number of which is equal to a total number of 
trunk channels stored in the DCME, namely plural functional 
operations for 600 channels. These functional operations are 
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independently carried out every channel. The functional 
operations for one channel are carried out in a similar manner to 
those of the circuit block having the same reference numerals in 
the voice ATM transmission apparatus shown in Fig. 19. These 
5 circuit blocks are a pseudo speech signal producing unit 12, a 
transmission rate recovering unit 13, a second comfort noise 
generating unit 14, a first comfort noise unit 15, a first pattern 
interpolating unit 16, a second pattern interpolating unit 17, a 
first pattern detecting unit 18, a second pattern detecting unit 

10 19, a selector 20, a selector 21, a selector 22, a selector 23, 
and an OR gate circuit 24. 

In this case, a description will now be made of operations 
in the following case. That is, in Fig. 18, while a telephone 
communication is established between a telephone set 100 and another 

15 telephone set 110, a trunk channel number "n" (TCn) of a DCME 101 
and a trunk channel number "n" (TCn) of another DCME 102 are 
repeated/connected by a exchange 106. It should also be noted that 
each of the respective circuit blocks except for the below-mentioned 
circuit blocks shown in Fig. 1 performs a plurality of functional 

20 operations, a total number of which is equal to a total number of 
trunk channels stored in the DCME, namely plural functional 
operations for 600 channels in a parallel manner. These functional 
operations are independently carried out every channel. The 
functional operations for one channel are carried out in a similar 
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manner with each other. As a consequence, it is now assumed that 
all of the below-mentioned operation explanations as to all of these 
circuit blocks are given to the trunk channel number "n" (TCn). 
These circuit blocks are the assignment control unit 4, the message 
5 producing unit 5, the multiplexing unit 6, the separating unit 7, 
the message decrypting unit 8, and the pass-through notifying 
message generating unit 27. 

In the DCME 101, the second pattern detecting unit 19 detects 
a second pattern from a PCM (pulse code modulation) signal inputted 

10 from the trunk side, and then sets an output control signal to "1." 
As a result, since the control signal entered from the second pattern 
detecting unit 19 is equal to "1", the OR gate circuit 26 outputs 
"1" as an output control signal with respect to the assignment 
control circuit 4 irrespective of an input signal derived from the 

15 active judging unit 1. This output control signal of "1" indicates 
that a sound is present. 

Also, the pass-through notifying message generating unit 27 
generates a message when the control signal input of the trunk 
channel number TCn supplied from the second pattern detecting unit 

20 19 is "1". This generated message is to notify to the counter- 
party DCME 100 on the opposite side of the bearer, such a fact that 
the trunk channel number TCn commences the pass-through operation. 
The pass-through notifying message generating unit 27 transmits 
this message from the multiplexing unit 6 via the bearer circuit 
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to the DCME 100 connected opposite thereto. 

As previously explained with reference to Fig. 17, a single 
message is made by combining a trunk channel number (TC number) 
with a bearer channel number (BC number) . Since the bearer channel 
5 numbers under use are defined from 1 to 24 8, a bearer channel number 
(BC number) "249" is used as a pass-through operation 
starting-message. For instance, such a message that TC number = 
n and BC number = 249 implies that the trunk channel number "TCn" 
commences the pass-through operation. Also, a bearer channel 

10 number BC number = 250 implies a pass-through operation ending 
message. When the control signal of the trunk channel number TCn 
derived from the second pattern detecting unit 19 is changed from 
"1" into "0", the pass-through notifying message generating unit 
27 outputs the pass-through operation ending message. 

15 It should also be noted that the encoding rate information 

of each of the trunk channels which is outputted from the message 
decrypting unit 8 to the speech decoding unit 9 is also entered 
into the AND gate circuit 25. In this case, as this encoding rate 
information, when the encoding rate of the relevant trunk channel 

20 is equal to 40 Kbit/s, a control signal of "0" is outputted whereas 
when the encoding rate of the relevant trunk channel is equal to 
8 Kbit/s, a control signal of "1" is outputted. As a consequence, 
if the encoding rate of the trunk channel number TCn is equal to 
8 Kbit/s, since the control signal of TCn outputted from the message 
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decrypting unit 8 becomes "1", the output signal outputted from 
the AND gate circuit 25 is identical to the input signal derived 
from the OR gate circuit 24. As a result, the AND gate circuit 25 
gives no adverse influence to the selection operation of the 
5 selector 12. 

Conversely, if the encoding rate of the trunk channel number 
TCn is equal to 40 Kbit/s, since the control signal of TCn outputted 
from the message decrypting unit 8 becomes "0", the output signal 
outputted from the AND gate circuit 25 is continuously identical 
- - 10 to "0" , so that the selector 21 continuously selects the input signal 
supplied from the first pattern interpolating unit 16 to output 
this selected input signal to the exchange side. This operation 
-; implies that the pass-through operation is not carried out. 

-~Z As explained above, the AND gate circuit 25 may have such a 

15 function that the pass-through operation is not carried out with 
respect to the trunk channel through which the voice-band data is 
transmitted. 

On the other hand, in the DCME 100 shown in Fig. 18, when the 
message decrypting unit 8 recognizes that the message indicative 
20 of starting of the pass-through operation of TCn is received from 
the DCME 101 on the opposite side of the bearer functioning as the 
counter-party apparatus, this message decrypting unit 8 sets the 
output control signal of TCn to "1" with respect to the OR gate 
circuit 26. It should be noted that in the DCME 101 on the opposite 
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side of the bearer functioning as the counter-party apparatus, the 
output control signal to the OR gate circuit 26 becomes "0" as to 
such a trunk channel TC which is not operated under pass-through 
operation (namely, DCME 101 does not receive such a message of 
5 starting of pass-through operation) . When the control signal 
supplied from the message decrypting unit 8 is equal to "1", the 
OR gate circuit 26 outputs "1" as the output control signal to the 
assignment control unit 4 irrespective of the input signal derived 
from the active judging unit 1. This output control signal of "1" 

10 indicates that a sound is present. 

It should be understood that the operation of the DCME 102 
is carried out in completely the same manner to. that of the DCME 
101, and also the operation of the DCME 103 is carried out in 
completely the same manner to that of the DCME 100 in Fig. 18. 

15 Then, when the DCMEs are operated in the above-described manner , 

in both the DCME 101 and the DCME 102 shown in Fig. 18, as to the 
trunk channel repeated/connected by the exchange 106, neither the 
speech encoding operation, nor the speech decoding operation is 
performed. However, the assignment to the bearer circuits is 

20 continuously carried out in order that the trunk channel is not 
only operated as the pass-through operation, but also is always 
recognized as the sound channel. Also, as to the DCME 100 connected 
opposite to the DCME 101 and also the DCME 103 connected opposite 
to the DCME 102, the bearer circuits of the trunk channels operated 
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under tandem pass-through operation in the DCME 101 and the DCME 
102 are continuously assigned to the bearer circuits. It should 
also be noted that this channel assignment is only limited to such 
a case that the encoding rate is selected to be 8 Kbit/s . Conversely, 

5 when the encoding rate is selected to be 40 Kbit/s, since the second 
pattern interpolation is not carried out, the pass -through 
operation is also not carried out. In other words, since there is 
no change in the assignment operation of the bearer circuits with 
respect to the trunk channel operated under tandem pass -through 

LO operation, the following problem never occurs. That is, the 
synchronous resetting operations of the speech decoding device and 
also of the speech decoding device cannot operate properly. As a 
consequence, the tandem pass-through function can be realized 
without degrading the telephone communication quality. 

L5 

EM BOD IME NT MO D E 2 

In the above-described embodiment mode 1, the pass-through 
operation starting/ending message are produced by employing the 
unused bearer channel number BC. Alternatively, an unused trunk 
20 channel number TC may be employed so as to produce such pass -through 
operation starting/ending messages. For instance, since a total 
number of trunk channels stored in the DCME is equal to 600 channels, 
the TC numbers = 601 and 602 are not used as the bearer circuit 
assignment message. As a consequence, even when such a message that 
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the TC number = 601 and the BC number = m indicates that the trunk 
channel presently connected to m-th BC starts the pass-through 
operation, whereas such a message that the TC number = 602 and the 
BC number = m indicates that the trunk channel presently connected 
5 to the m-th BC ends the pass-through operation, a similar operation 
to that of the above-explained embodiment mode 1 can be realized. 

EMBODIMENT MODE 3 

Fig. 2 is a block diagram for schematically representing an 
10 entire arrangement of a digital circuit multiplication equipment 
(DCME) according to an embodiment mode 3 of the present invention. 
It should be noted that the same reference numerals shown in the 
embodiment mode 1 of Fig. 1 will be employed as those for indicating 
the same, or similar circuit units represented in Fig. 2, and 
15 explanations thereof are omitted. As a newly employed reference 
numeral, reference numeral 28 shows a pseudo speech active judging 
unit for judging as to whether a encoded signal is contained in 
a pseudo speech (audio) signal outpu.tted from a pseudo speech signal 
producing unit 12. 
20 Next, operations of the digital circuit multiplication 

equipment (will be simply referred to as a "DCME" hereinafter) 
indicated in Fig. 2 will be described. 

In Fig. 2, a active judging unit 1, a signal discriminating 
unit 2, a speech (audio) encoding unit 3, an assignment control 
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unit 4, a multiplexing unit 6, a separating unit 7, a second comfort 
noise generating unit 14 , a first comfort noise unit 15, a first 
pattern interpolating unit 16, a second pattern interpolating unit 
17, a first pattern detecting unit 18, a second pattern detecting 
5 unit 19, a selector 20, a selector 21, a selector 22, a selector 
23 , also an OR gate circuit 24 , and an AND gate circuit 25 are operated 
in a similar manner to those of the DCME shown in Fig. 1 . The message 
decrypting unit 9 is operated in a similar manner to that of the 
DCME shown in Fig. 16. In addition to similar operations to those 

10 of the DCME shown in Fig. 1, the speech encoding unit 3, the speech 
decoding unit 9, and the transmission rate recovering unit 13 are 
operated with new operation manners (will be explained later) . 

Similar to the explanation of the operations by the DCME shown 
in Fig. 1, in Fig. 18, while a telephone communication is established 

15 between a telephone set 100 and another telephone set 110, a trunk 
channel number "n" (TCn) of a DCME 101 and a trunk channel number 
"n" of another DCME 102 are repeated/connected by a exchange 10 6 
(namely trunk channel numbers TCn in DCME 100 and DCME 103 are also 
used in telephone communication between telephone 100 and telephone 

20 110) . It should also be noted that each of the respective circuit 
blocks except for the below-mentioned circuit blocks shown in Fig. 
2 performs a plurality of functional operations, a total number 
of which is equal to a total number of trunk channels stored in 
the DCME in a parallel manner. These functional operations are 
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independently carried out every channel. The functional 
operations for one channel are carried out in a similar manner with 
each other. As a consequence, it is now assumed that all of the 
below-mentioned operation explanations as to all of these circuit 
5 blocks are given to the trunk channel number "n" (TCn) . These 
circuit blocks are the assignment control unit 4, the message 
producing unit 5, the multiplexing unit 6, the separating unit 7, 
and the message decrypting unit 8 . 

Similar to the DCME shown in Fig. 1, in the DCME 101 and the 

10 DCME 102, the selector 22 selects the input signal supplied from 
the pseudo speech signal producing unit 12, and the selector 21 
selects the input signal supplied from the second pattern 
interpolating unit 17, the selector 20 selects the input signal 
supplied from the transmission rate recovering unit 13, and further 

15 the selector 23 selects the input signal derived from the selector 
20 to output this selected signal. As a result, it is apparent that 
the trunk channel number TCn is operated under pass-through 
operation. Since the DCME shown in Fig. 2 does not contain the 
pass-through notifying message producing unit 27 existed in the 

20 DCME of Fig. 1, even when the trunk channel number TCn is operated 
under pass-through operation, there are some cases that the TCn 
is not assigned to the bearer circuit in the DCMEs (DCME 100 and 
DCME 103) located at both ends in Fig. 18. This implies such a case 
that there is no input signal supplied from the bearer circuit even 
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for the TCn operated under pass -through operation in the DCME 101 
and the DCME 102 shown in Fig. 18. 

As a result, the pseudo speech signal producing unit 12 is 
operated as follows: The active/silence information is added to 
5 the encoded signal of 8 Kbit/s entered from the separating unit 
7, and dummy data is further added thereto, so that such a pseudo 
speech signal of 64 Kbit/s may be outputted from this pseudo speech 
signal producing unit 12. As the above-explained active/silence 
information, when the encoded signal of 8 Kbit/s is not inputted 

10 from the separating unit 7, "silent" information is outputted, 
whereas when the encoded signal of 8 Kbit/s is inputted therefrom, 
"active" information is outputted, while these "silent" information 
and "active" information are contained in the pseudo speech signal. 
Next, the pseudo speech active judging unit 28 employed in 

15 the DCME 101 detects the above-explained active/silent information 
contained in the pseudo speech signal outputted from the pseudo 
speech signal producing unit 12 in DCME 102. When the active 
information is contained in the pseudo speech signal, the pseudo 
speech active judging unit 28 outputs "1" as a control signal to 

20 the transmission rate recovering unit 13. Conversely, when the 
silent information is contained in the pseudo speech signal, the 
pseudo speech active judging unit 28 outputs "0" as a control signal 
to the transmission rate recovering unit 13. The operation of this 
transmission rate recovering unit 13 will now be explained with 
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reference to Fig. 3 which shows an internal arrangement of the 
transmission rate recovering unit 13. 

That is, Fig. 3 is a block diagram showing the internal 
arrangement of the transmission rate recovering unit 13. 
5 In Fig. 3, a encoded signal extracting unit 131 extracts the 

encoded signal of 8 Kbit/s from the entered pseudo speech signal 
to output the extracted encoded signal to the selector 133. Also, 
an invalid encoded signal producing unit 132 outputs such a encoded 
signal of 8 Kbit/s for indicating that this signal is invalid (will 
10 be referred to as an "invalid encoded signal" hereinafter) . The 
encoded signal of 8 Kbit/s owns 80 bits per 1 DCME frame. For 
instance, this encoded signal may be defined as such a signal which 
represents that a signal whose all 80 bits are equal to "1" is 
invalid. 

15 Also, both the speech encoding unit 3 and the first comfort 

noise generating unit 15 output encoded signals of 8 Kbit/s, whose 
all 80 bits are not necessarily equal to "1." The speech encoding 
algorithm is generally used CELP (Code Excited Linear Prediction) 
algorithm. In this CELP system, it is easy not to output such a 

20 signal whose all 80 bits become "1" based upon the following method. 
That is, since a specific parameter is vector-quantized and the 
code of this vector is contained in the code of this CELP system, 
such a vector whose all bits are equal to "1" is not previously 
used . 
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If the control signal supplied from the pseudo speech active 
judging unit 28 is equal to "1", then a selector 133 selects the 
output of the encoded data extracting unit 131 to output this 
selected data. If the control signal is equal to "0", then this 
5 selector 133 selects the output of the invalid encoded signal 
producing unit 132. 

As a result, the operation of the transmission rate recovering 
unit 13 is carried out in accordance with the following manner. 
That is, in such a case that the active/silence information 

10 contained in the pseudo speech signal to be inputted is the active 
information, namely the speech encoded signal is actually contained 
in this pseudo speech signal, the transmission rate recovering unit 
13 derives this speech encoded signal to be outputted. To the 
contrary, in such a case that the active/silence information 

15 contained in the pseudo speech signal to be inputted is the silent 
information, namely the speech encoded signal is not actually 
contained in this pseudo speech signal, the transmission rate 
recovering unit 13 derives this invalid encoded signal to be 
outputted . 

20 The signal outputted from the above-described transmission 

rate recovering unit 13 is entered into the speech decoding unit 
9 employed in the DCME (when this output signal is signal outputted 
from transmission rate recovering unit 13 employed in DCME 101, 
DCME 100 corresponds thereto) connected as the counter-party 
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apparatus via the bearer circuit. 

Fig. 4 is a block diagram for indicating an internal 
arrangement of the speech decoding unit 9 . 

In Fig. 4, the encoded signal outputted from the separating 
5 unit 7 is entered into both an invalid encoded signal judging unit 
901 and a encoded signal decoding unit 902. The invalid encoded 
signal judging unit 901 judges as to whether the entered signal 
corresponds to an invalid encoded signal outputted from the 
transmission rate recovering unit 13 employed in the DCME connected 

10 via the bearer circuit as the counter-party apparatus , or the normal 
encoded signal. When the input signal corresponds to such an 
invalid encoded signal, the invalid encoded signal judging unit 
13 outputs "1" as the judgement result. Conversely, when the input 
signal corresponds to the normal encoded signal, this invalid 

15 encoded signal judging unit 901 outputs "0" to the AND gate circuit 
903. 

The AND gate circuit 903 AND-gates a bearer circuit 
assignment /no-assignment signal entered from the message 
decrypting unit 8 and the input signal supplied from the invalid 
20 encoded signal judging unit 901, and then outputs the AND-gated 
signal to both the encoded signal decoding unit 902 and the selector 
904. The bearer circuit assignment/no-assignment signal becomes 
"0" when the corresponding channel of the trunk is assigned to the 
bearer circuit whereas the bearer circuit assignment/no-assignment 
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signal becomes "1" when the corresponding channel of the trunk is 
not assigned to the bearer circuit. The encoded signal decoding 
unit 902 decodes either the encoded signal of 8 Kbit/s or the encoded 
signal of 40 Kbit/s, which are entered from the separating unit 
5 7 based upon the encoding rate information entered from the message 
decrypting unit 8, and then supplies a PCM signal of 64 Kbit/s to 
a selector 904. When the signal entered from the AND gate circuit 
903 becomes "1", the internal parameter is reset. 

A silent PCM signal generating unit 905 generates either a 

10 silent signal or comfort noise having the PCM format of 64 Kbit/s. 
When the input signal from the AND gate circuit 903 becomes "0", 
the selector 9 selects the input signal supplied from the encoded 
signal decoding unit 902. When the input signal from the AND gate 
circuit 903 becomes "1", the selector 9 selects the input signal 

15 derived from the silent PCM signal generating unit 905. In other 
words, as to the operation of the speech decoding unit 9, in such 
a case that the input signal derived from the message decrypting 
unit is equal to "1" (namely, no bearer circuit assignment of this 
trunk channel), and also in such a case that the encoded signal 

20 entered from the separating unit 7 is the invalid encoded signal, 
the encoded signal decoding unit resets the internal parameter. 
Furthermore, the speech decoding unit 9 is operated in such a manner 
that the silent PCM signal is outputted . In other cases , this speech 
decoding unit 9 executes the normal speech decoding operation. 
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While the above-explained operation is carried out, with 
respect to the trunk channel number TCn under relay /connection, 
the bearer circuits are continuously assigned to both the DCME 101 
and the DCME 102. Also, the bearer circuit assignment/no- 
5 assignment information of the TCn in the DCME 100 of Fig. 18 is 
mapped into the active/silence information contained in the pseudo 
speech signal by the pseudo speech signal producing unit 12 employed 
in the DCME 101 as the counter-party apparatus. Furthermore, this 
information is formed as the format of the normal encoded signal 

10 (namely, in case that bearer circuit is assigned) and also the format 
of the invalid encoded signal (namely, in case that bearer circuit 
is not assigned) by the transmission rate recovering unit 13 of 
the DCME 102. Finally, both the normal encoded signal and the 
. invalid encoded signal are transmitted to the speech decoding unit 

15 9 of the DCME 103 so as to be reflected on resetting of the internal 
parameter. In other words, both the speech decoding device 
employed in the DCME 100 and the speech decoding device employed 
in the DCME 103 can be reset in the synchronous resetting mode. 
As previously described in detail, in accordance with the DCME 

20 shown in Fig. 2, there is no such problem that the synchronous 
resetting operations of the speech decoding device and also of the 
speech decoding device cannot operate properly. Also, the tandem 
pass-through function can be realized without degrading the 
telephone communication quality. 
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It should also be noted that in the above-explained embodiment 
mode 3, the minimum code of the PCM code can be outputted as the 
PCM signal of "silent". 



5 EMBODIMENT MODE 4 

In the above-explained description, such a signal whose all 
80 bits are equal to "1" is used as an invalid encoded signal. In 
such a case that the speech encoding algorithm corresponds to the 
CELP system, while the below-mentioned encoded signal having a 

10 specific vector may be employed as an invalid encoded signal, the 
DCME may be operated in such a manner that this vector of the encoded 
signal is not used in the speech encoding unit 3. The use frequency 
of this vector is the minimum frequency when various sorts of speech 
signals are inputted among the vectors used in the CELP algorithm. 

15 There is a certain possibility that since a certain vector is not 
used by the speech encoding unit 3, a speech quality is slightly 
degraded. However, since such a vector whose use frequency is 
originally low is not used by the speech encoding unit 3 , the 
degradation of the speech quality of this vector may be furthermore 

20 lowered . 



EMBODIMENT MODE 5 

Also, while such a speech encoding algorithm that a encoded 
signal per a DCME frame owns 79 bits is employed, even when 1 bit 
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for indicating as to whether the encoded signal is valid, or invalid 
is added to 79 bits to produce a signal having 80 bits as a encoded 
signal, a similar effect to that of the above-described embodiment 
mode may be achieved. 

5 

EMBODIMENT MODE 6 

Also, in the case that the speech encoding system corresponds 
to the CS-ACELP (Conjugate Structure Algebraic Code-Excited Linear 
Prediction ) system defined in the ITU-T recommendation G.729, the 

10 parity bit is provided in the encoded signal in order to protect 
various sorts of parameter information. As a consequence, while 
this parity bit is used as a bit for indicating as to whether this 
encoded signal is valid, or invalid, when the normal (valid) encoded 
signal is used, the parity bit may be added thereto. When the 

15 invalid encoded signal is used, even if this parity bit may be 
inverted, then a similar effect to that of the above-described 
embodiment mode may be achieved. 

EMBODIMENT MODE 7 

20 Also, in the case that the speech encoding system corresponds 

to the CS-ACELP (Conjugate Structure Algebraic Code-Excited Linear 
Prediction ) system defined in the ITU-T recommendation G.729, the 
pitch (basic frequency) information parameter of the speech signal 
is contained in the encoded signal. When the speech signal is 
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encoded, there is substantially no possibility that the lowest pitch 
is selected as this pitch information parameter. As a consequence, 
while this lowest pitch is not selected when the normal speech 
encoding operation is carried out, even if the encoded signal whose 
5 pitch information parameter becomes the lowest pitch is employed 
as the above-explained invalid encoded signal, a similar effect 
to that of the above-explained embodiment mode may be achieved. 

EM BO DIME NT MOP E 8 

10 In the above-described embodiment modes 1 to 7, the 

descriptions are made of such an example that the encoding rate 
with respect to the telephone speech (voice) signal is 8 Kbit/s. 
Alternatively, other encoding rates may be employed. For instance, 
while the encoding rate with respect to the telephone speech signal 

15 is selected to be 32 Kbit/s, the following embodiment mode may be 
accomplished in the case that the ADPCM system defined in the ITU-T 
recommendation G.726 is employed as the encoding system. When the 
telephone speech signal is encoded by way of 32 Kbit/ s -ADPCM system, 
the encoded speech signal is outputted as a 4-bit signal per 125 

20 microseconds (namely, equal to 1 sampling time of PCM signal before 
being encoded) . However, there is no definition about such an 
output signal whose all 4 bits become "1", and this output signal 
is unused. As a consequence, even when such a encoded signal 
containing encodes whose all bits per one sample are equal to "1" 
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is used as the above-explained invalid encoded signal, a similar 
effect to that of the above-explained embodiment mode may be 
achieved. It should also be noted that as explained above, assuming 
now that the DCME frame length is 10 ms, the encoded signal for 
5 1 DCME frame is equal to 320 bits (32,000 bits/second x 0.01 second 
= 320 bits). However, all of these 320 bits are not necessarily 
equal to "1", but 4 bits of a signal which constitutes 1 sample 
may be equal to " 1 . " 

10 EMBO DI ME NT MO D E 9 

Also, as the PCM signal outputted from the silent PCM signal 
generating unit provided inside the speech decoding unit 9, Hoth 
spectrum noise may be used. The Hoth spectrum noise is a noise 
having such a noise characteristic that noise power in a certain 

15 frequency is higher than noise power at a two-times higher frequency 
than this first-mentioned frequency by 5 dB as a frequency amplitude 
characteristic thereof (-5dB/Oct characteristic) . This frequency 
characteristic of the Hoth spectrum noise is approximated to 
frequency characteristics of noise produced around persons who 

20 telephone-communicate with each other. The digital circuit 
multiplication equipment, according to this embodiment mode 9, can 
realize more natural telephone communications by employing such 
Hoth spectrum noise. 



EMBODIMENT MODE 10 

Also, as the PCM signal outputted from the silent PCM signal 
generating unit provided inside the speech decoding unit 9, 1/f 
noise may be used. The 1/f noise is a noise having such a noise 
5 characteristic that noise power in a certain frequency is higher 
than noise power at a two-times higher frequency than this 
first-mentioned frequency by 6 dB as a frequency amplitude 
characteristic thereof (6dB/Oct characteristic). This frequency 
characteristic of the 1/f noise is approximated to frequency 
10 characteristics of noise produced in the natural field. The 
digital circuit multiplication equipment, according to this 
embodiment mode 10, can realize more natural telephone 
communications by employing such Hoth spectrum noise. 

15 EMBODIMENT MODE 11 

Also, in the case that the speech encoding algorithm 
corresponds to the 8 Kbit/s CS-ACELP system defined in the ITU-T 
recommendation G.729, instead of the comfort noise outputted from 
the silent PCM signal generating unit 905 employed within the speech 

20 decoding unit 9, the speech decoding unit may output a signal to 
which the frame erasure concealing process defined by the 
above-explained recommendation has been carried out. This frame 
erasure concealing process corresponds to such a solution process 
capable of avoiding the following problem. That is, when a bearer 
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circuit is a wireless circuit, since there are many bit errors in 
the wireless circuit, a speech encoded signal will disappear. When 
this solution process is carried out, the speech signal which has 
disappeared may be predicted by employing the information before 
5 it disappeared, and then this predicted speech signal may be 
outputted. Also, when this process is operated in a continuous 
manner {over several frames), since the output signal may be 
approximated to "silent", this output signal may be used instead 
of the signal outputted from the silent PCM signal generating unit 
10 905. 

EMBO D IMENT MOD E 1 2 

Also, in the case that the speech encoding algorithm 
corresponds to the 16 Kbit/s LD-CELP system defined in the ITU-T 

15 recommendation G.728, instead of the comfort noise outputted from 
the silent PCM signal generating unit 905 employed within the speech 
decoding unit 9, the speech encoding unit may output a signal to 
which the frame erasure concealing process defined by the 
above-explained recommendation has been carried out. This frame 

20 erasure concealing process corresponds to such a solution process 
capable of solving the following problem. That is, when a bearer 
circuit is a wireless circuit or the like, since there are many 
bit errors in the wireless circuit, a speech encoded signal will 
disappear. When this solution process is carried out, the speech 
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signal which has disappeared may be predicted by employing the 
information before it disappeared, and then this predicted speech 
signal may be outputted. Also, when this solution process is 
operated in a continuous manner (over several frames), since the 
5 output signal may be approximated to "silent", this output signal 
may be used instead of the signal outputted from the silent PCM 
signal generating unit 905. 

EMBODIMENT MODK 13 

10 Fig. 5 is a block diagram for schematically representing an 

entire arrangement of a digital circuit multiplication equipment 
(DCME) according to an embodiment mode 13 of the present invention. 

It should be noted that the same reference numerals shown in 
the embodiment mode 1 of Fig. 1 will be employed as those for 
% 15 indicating the same, or similar circuit units represented in Fig. 

5, and explanations thereof are omitted. As a newly employed 
reference numeral, reference numeral 29 shows an invalid encoded 
signal producing unit. Reference numeral 30 is a selector. 

Next, operations of the digital circuit multiplication 
20 equipment will be described. 

In Fig. 5, a active judging unit 1, a signal discriminating 
unit 2, an assignment control unit 4, a multiplexing unit 6, a 
separating unit 7, a pseudo speech signal producing unit 12, a 
transmission rate recovering unit 13, a second comfort noise 
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generating unit 14, a first comfort noise unit 15, a first pattern 
interpolating unit 16, a second pattern interpolating unit 17, a 
first pattern detecting unit 18, a second pattern detecting unit 
19, a selector 20, a selector 21, a selector 22, a selector 23, 
5 and an OR gate circuit 24 , and also an AND gate circuit 25 are operated 
in a similar manner to those of the DCME shown in Fig. 1 . The message 
decrypting unit is operated in a similar manner to that of the DCME 
shown in Fig. 16 . The speech decoding unit 9 is operated in a similar 
manner to that of the DCME shown in Fig. 2. 

10 An invalid encoded signal generating unit 29 is operated in 

a similar manner to that of the invalid encoded signal generating 
unit 132 provided in the transmission rate recovering unit 13 shown 
in Fig. 3 so as to output an invalid encoded signal of 8 Kbit/s 
to the selector 30. As a result, the speech encoding unit 3 is 

15 operated in a similar manner to that of the speech encoding unit 
3 employed in the DCME shown in Fig. 2 so as to execute a low- 
bit-rate encoding operation of a 64 Kbit/s PCM signal. When the 
encoding rate is selected to be 8 Kbit/s, the speech encoding unit 
3 outputs a encoded signal other than the above-explained invalid 

20 encoded signal . In the case that the signal entered from the message 
decrypting unit 8 into the selector 30 is equal to "1" (namely, 
bearer circuit assignment of the corresponding trunk channel is 
not performed), this selector 30 selects the input signal derived 
from the invalid encoded signal producing unit 29. In the case that 
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the signal entered from the message decrypting unit 8 into the 
selector 30 is equal to "0" (namely, bearer circuit assignment of 
the corresponding trunk channel is performed), this selector 3 0 
selects the input signal derived from the selector 22, and then 
5 supplies the selected signal to the second pattern interpolating 
unit 17. 

In the above-explained DCME shown in Fig. 2, the invalid 
encoded signal is outputted from the transmission rate recovering 
unit 13 . This function is transmitted to the invalid encoded signal 

10 producing unit 29 in the DCME shown in Fig. 5. As a result, while 
the transmission rate recovering unit 13 performs only the 
extraction of the encoded signal from the pseudo speech signal, 
other operations are carried out in a similar manner to those of 
the DCME shown in Fig. 2. Considering now operations with the 

15 connection mode indicated in Fig. 18, the bearer circuit 
assignment/no-assignment information of the trunk channel number 
TCn in the DCME 100 is obtained as any one of a pseudo speech signal 
which contains the normal encoded signal (namely, in case that 
bearer circuit assignment is performed) , and another pseudo speech 

20 signal which contains an invalid encoded signal outputted from an 
invalid encoded signal producing unit 29 (in case that bearer 
circuit assignment is not performed). This normal encoded signal 
is outputted from the pseudo speech signal producing unit 12 in 
the DCME 101 which is connected as the counter-party apparatus via 
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the bearer circuit. Either this normal encoded signal or the 
invalid encoded signal is extracted by the transmission rate 
recovering unit 13 employed in the DCME 102, and then the extracted 
signal is finally transmitted to the speech decoding unit 9 of the 
5 DCME 103, so that this transmitted signal is reflected on resetting 
of the internal parameter. In other words, the speech decoding 
device of the DCME 100 and the speech decoding device of the DCME 
103 can be reset in the synchronous resetting mode. 

As previously described, also in this embodiment mode 13, even 
10 when the tandem pass-through operation is. carried out, such a DCME 
can be obtained by which the speech coding device and the speech 
decoding device can be reset in the synchronous resetting mode, 
which are located on both ends of the communication path of the 
DCME. 

15 

EMBODIMENT MODE 14 

Fig. 6 is a block diagram for schematically representing an 
entire arrangement of a digital circuit multiplication equipment 
(DCME) according to an embodiment mode 14 of the present invention. 
20 It should be noted that the same reference numerals shown in the 
embodiment mode 3 of Fig. 2 will be employed as those for indicating 
the same, or similar circuit units represented in Fig. 6, and 
explanations thereof are omitted. In this embodiment mode 14, a 
different point is that operations of the assignment control unit 
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4 and the transmission rate recovering unit 13 in this embodiment 
mode 14 are different from those of the above-explained embodiment 
mode 3 . 

Next, operations of the digital circuit multiplication 
5 equipment (will be simply referred to as a " DCME " hereinafter) 
indicated in Fig. 6 will be described. 

In Fig. 6, a active judging unit 1, a signal discriminating 
unit 2, a message producing unit 5, a multiplexing unit 6, a 
separating unit 7, a second comfort noise generating unit 14, a 

10 first comfort noise unit 15, a first pattern interpolating unit 
16, a second pattern interpolating unit 17, a first pattern 
detecting unit 18, a second pattern detecting unit 19, a selector 
20, a selector 21, a selector 22, a selector 23, and an OR gate 
circuit 24 , and also an AND gate circuit 25 are operated in a similar 

15 manner to those of the DCME shown in Fig. 1. The speech encoding 
unit 3 is operated in a similar manner to that of the DCME shown 
in Fig. 2. While this speech encoding unit 3 performs the low- 
bit-rate encoding operation of the 64 Kbit/s PCM signal into either 
8 Kbit/s PCM signal or 40 Kbit/s PCM signal, when the encoding rate 

20 is selected to be 8 Kbit/s, this speech encoding unit 3 outputs 
such a encoded signal other than a specific invalid encoded signal. 

Also, the message decrypting unit 8 is operated in a similar 
manner to that of the conventional DCME indicated in Fig. 16. The 
speech decoding unit 9 is operated in a similar manner to that of 
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the speech decoding unit 9 shown in Fig. 2. As a result, an internal 
arrangement diagram of this speech decoding unit 9 is represented 
in Fig. 4. Also, the pseudo speech signal producing unit 12 is 
operated in a similar manner to that of the DCME shown in Fig. 2. 
5 That is, the pseudo speech signal producing unit 12 is operated 
as follows: The active /silence information is added to the encoded 
signal of 8 Kbit/s entered from the separating unit 7, and dummy 
data is further added thereto, so that. such a pseudo speech signal 
of 64 Kbit/s may be outputted from this pseudo speech signal 

10 producing unit 12. The pseudo speech signal active judging unit 
28 is operated in a similar manner to that of the DCME shown in 
Fig. 2. That is, the pseudo speech active judging unit 2 8 detects 
the active/silence information contained in the pseudo speech 
signal. When the active information is contained in the pseudo 

15 speech signal, the pseudo speech active judging unit 28 outputs 
"1." Conversely, when the silent information is contained in the 
pseudo speech signal, the pseudo speech active judging unit 28 
outputs "0." 

As a new input signal, both the output signal of the second 
20 pattern detecting unit 19 and the output signal of the pseudo speech 
active judging unit 28, respectivley , are added to the assignment 
control unit 4. As to such a trunk channel that the input signal 
from the second pattern detecting unit 19 is equal to "0" (namely, 
second pattern no-detection state), the assignment control unit 
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4 employs the input signal supplied from the active judging unit 
1 as the active/silence information of this trunk channel. As to 
such a trunk channel that the input signal from the second pattern 
detecting unit 19 is equal to "1" (namely, second pattern detection 
5 state), the assignment control unit 4 employs the input signal 
supplied from the pseudo speech active judging unit 28 as the 
active/silence information of this trunk channel. As to other 
operations, namely bearer circuit assignment operation, this 
assignment control unit 4 is operated in a similar manner to that 

10 of the DCME shown in Fig. 16. In other words, with respect to such 
a trunk channel operated not under the pass-through operation 
(second pattern signal is not detected), the assignment control 
unit 4 performs a similar bearer circuit assigning operation to 
that of the conventional DCME. As to such a trunk channel operated 

15 under the pass-through operation (second pattern signal is 
detected), the assignment control unit 4 performs a bearer circuit 
assigning operation by employing the active/silence information 
contained in the pseudo speech signal. 

In this embodiment mode 14, the transmission rate recovering 

20 unit 13 may execute the highly featured operation which will now 
be explained with reference to an internal structural diagram shown 
in Fig. 7. 

The encoded signal extracting unit 131, the invalid encoded 
signal producing unit 132, and the selector 133 are operated in 
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a similar manner to those of the above-described transmission rate 
recovering unit 13 indicated in Fig. 3. A variable DELAY unit 134 
delays a signal entered from the selector 133 based upon both the 
active/silence information entered from the pseudo speech active 
5 judging unit 28 and the bearer circuit assignment/no-assignment 
information entered from the assignment control unit 4, so that 
such a encoded signal immediately after this input signal is changed 
from silent state into active state (namely, input signal is changed 
from invalid encoded signal into normal encoded signal) can be 

10 firmly outputted to the bearer circuit. 

Concretely speaking, the transmission rate recovering unit 
13 is operated as follows: 

First, when the input signal supplied from the pseudo speech 
active judging unit 28 is changed from the "silent" state into the 

15 "active" state, and at the same time, when the input signal supplied 
from the assignment control unit 4 is changed from the "no- 
assignment" state into the "assignment" state (namely, when bearer 
circuit assignment is not delayed), the transmission rate 
recovering unit 13 directly outputs the input signal derived from 

20 the selector 133 . On the other hand, when the input signal supplied 
from the pseudo speech active judging unit 28 is changed from the 
"silent" state into the "active" state, and at the same time, a 
delay is made in which the input signal supplied from the assignment 
control unit 4 is changed from the "no-assignment" state into the 
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"assignment" state (namely, when bearer circuit assignment is 
delayed) , the transmission rate recovering unit 13 stores thereinto 
the encoded signals entered from the selector 133 until the 
assignment operation to the bearer circuit is carried out. While 
5 such encoded signals are stored, the transmission rate recovering 
unit 13 is continued to output the invalid encoded signals which 
have been outputted just before the signal storage operation. Then, 
when the assignment operation to the bearer circuit is commenced, 
the transmission rate recovering unit 13 outputs the stored encoded 

10 signals in the order of the signal storage operations. In other 
words, this transmission rate recovering unit 13 delays the encoded 
signals by such a time period corresponding to the assignment 
operation to the bearer circuit, and then outputs the delayed 
encoded signals. In the case that the input signal from the pseudo 

15 speech active judging unit 28 is changed from the "active" state 
into the "silent" state, and thereafter the assignment operation 
to the bearer circuit is not performed, if the encoded signal has 
been delayed, then the transmission rate recovering unit 13 discards 
the encoded signals which have been delayed (or invalid encoded 

20 signals), and directly outputs the input signal supplied from the 
selector 133. 

When the transmission rate recovering unit 13 is operated in 
accordance with the above-explained operating manner, the encoded 
signals appearing just after the input signal is changed from the 



"silent" state into the "active" state can be firmly transmitted 
to the bearer circuit. 

In this case, as to the encoded signals appearing just after 
the input signal is changed from the "silent" state into the "active" 
5 state, if the assignment of the bearer circuit is removed at the 
same time when this signal is changed from the "active" state to 
the "silent" state, then the encoded signals which have been delayed 
are not transmitted to the bearer circuit, which may slightly 
deteriorate the telephone communication quality, but the 

10 deterioration is much smaller as compared with such a case that 
both the speech coding device and the speech decoding device cannot 
be reset in the synchronous resetting mode. 

When the DCME operated in the above-described operation is 
applied to the DCME 100, the DCME 101, the DCME 102, and the DCME 

15 103 shown in Fig. 18, even the trunk channel (TCn) operated under 
pass -through operation is operated in such a way that the encoded 
signals appearing just after the input signal is changed from the 
silent state into the active state can be firmly transmitted. As 
a consequence, in either the DCME 101 or the DCME 102, even when 

20 the assignment operation of the bearer circuit with respect to the 
trunk channel where the silent state is changed into the active 
state is delayed, both the speech decoding device in the DCME 100 
and the speech decoding device in the DCME 103 can be reset in the 
synchronous resetting mode. Furthermore, since the bearer circuit 
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assignment information used in the DCME 100 is used as the 
active/ silence information in the assignment control unit 4 of the 
DCME 102, there is no need to continuously assignee the trunk 
channels operated under pass-through operation to the bearer 
5 circuit. As a consequence, the bearer circuits between the DCME 
101 and the DCME 102 can be used more effectively, as compared with 
those of the DCMEs shown in the above-explained embodiment modes 
1 to 13. 



10 EMBODIMENT MODE 15 

Alternatively, in accordance with an embodiment mode 15 of 
the present invention, even when both the pseudo speech signal 
producing unit 12 and the transmission rate recovering unit 13 are 
changed into the below-mentioned arrangements, a similar effect 

15 to that of the DCME shown in the above-described embodiment mode 
9 can be achieved. 

Fig. 8 is a block diagram for showing an internal arrangement 
of the pseudo speech signal producing unit 12 according to the 
embodiment mode 15. In this drawing, reference numeral 121 

20 represents a DELAY unit for delaying a encoded signal of 8 Kbit/s, 
reference numeral 122 shows a active/silence information producing 
unit for producing active/silence information to be embedded in 
a pseudo speech signal, and reference numeral 123 represents a 
encoded signal synthesizing unit for synthesizing the encoded 
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signal with the active/silence information to produce a pseudo 
speech signal of 64 Kbit/s. 

Also, Fig. 9 is a block diagram for indicating an internal 
arrangement of the transmission rate recovering unit 13 according 
5 to this embodiment mode 15. In this drawing, reference numeral 131 
shows a encoded signal extracting unit for extracting a encoded 
signal from a pseudo speech signal, reference numeral 132 shows 
an invalid encoded signal producing unit for producing an invalid 
encoded signal, reference numeral 133 represents a selector for 

10 selecting the encoded signal and the invalid encoded signal to 
output any one of these selected signals, and also reference numeral 
134 indicates a delay selection judging unit for controlling 
operation of the selector 133. 

First, operations of the pseudo speech signal producing unit 

15 12 shown in Fig. 8 will now be explained. 

The DELAY unit 121 continuously stores thereinto the 8 Kbit/s 
encoded signals entered from the separating unit 7 for 5 sets of 
past DCME-frames, and outputs all of these encoded signals 
corresponding to these 5 DCME-frames to the encoded signal 

20 synthesizing unit 123. The active/silence information producing 
unit 122 produces "active" information under bearer-line assignment 
state, and "silent" information under bearer-line no-assignment 
state based upon bearer-line assignment /no- assignment information 
entered from the message decrypting unit 8 to thereby output the 
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sound and silent information to the encoded signal synthesizing 
unit 123. 

The encoded signal synthesizing unit 123 adds dummy 
information of 16 Kbit/s to the encoded signals and the 

5 active/silence information so as to produce a pseudo encoded signal 
of 64 Kbit/s. The encoded signals are inputted from the DELAY unit 
121 and correspond to 5 sets of the past DCME frames (since 5 DCME 
frames x 8 Kbit/s, this encoded signal becomes 40 Kbit/s). The 
active/silence information is assumed as 8 Kbit/s, and is entered 

10 from the active /silence information producing unit 122. It should 
be noted that since a partial signal of this pseudo speech signal 
is destroyed by interpolating the sound pattern by the second 
pattern interpolating unit 17, the encoded signal synthesizing unit 
123 synthesizes the signals in such a manner that this signal portion 

15 to be destroyed may correspond to the above-explained dummy 
information. 

Next, operations of the transmission rate recovering unit 13 
shown in Fig. 9 will now be explained. 

An invalid encoded signal producing unit 132 shown in Fig. 
20 9 is operated in a similar manner to that of the invalid encoded 
signal unit 132 employed in the transmission rate recovering unit 
13 shown in Fig. 3. The encoded signal extracting unit 131 inputs 
the pseudo speech signal, and extracts the encoded signals 
corresponding to 5 DCME frames, and then outputs the extracted 
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encoded signals to the selector 133 . Also, the selector 133 selects 
such encoded signals corresponding to 1 DCME frame among the encoded 
signals for the 5 DCME frames extracted from the encoded signal 
extracting unit 131, or the invalid encoded signal entered from 
the invalid encoded signal producing unit 132. Then this selector 
133 outputs the selected signal to the selector 20. 

The delay selection judging unit 135 outputs such a control 
signal to the selector 133 by determining a signal which is selected 
to the selector 133 based upon both the active/silence information 
entered from the pseudo speech active judging unit 2 8 and the bearer 
circuit assignment/no-assighment information entered from the 
assignment control unit 4, so that such a encoded signal immediately 
after the encoded signal is changed from silent state into active 
state (namely, encoded signal is changed from invalid encoded signal 
into normal encoded signal) can be firmly outputted to the bearer 
circuit . 

For instance, when the input signal supplied from the pseudo 
speech active judging unit 28 is changed from the "silent" state 
into the "active" state, and at the same time, when the input signal 
supplied from the assignment control unit 4 is changed from the 
"no-assignment" state into the "assignment" state (namely, when 
bearer circuit assignment is not delayed), the delay selection 
judging unit 135 causes the selector 133 to select the latest encoded 
signal from the encoded signal extracting unit 131. 
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On the other hand, when the input signal supplied from the 
pseudo speech active judging unit 28 is changed from the "silent" 
state into the "active" state, and at the same time, a delay is 
made in which the input signal supplied from the assignment control 

5 unit 4 is changed from the "no- assignment" state into the 
"assignment" state (namely, when bearer circuit assignment is 
delayed), the delay selection judging unit 135 causes the selector 
133 to select such an invalid encoded signal entered from the invalid 
encoded signal producing unit 132 while the assignment to the bearer 
~ 10 circuit is carried out. 

Then, when the assignment to the bearer circuit is commenced, 
the delay selection judging unit 135 causes the selector 133 to 
select the old encoded signals only for such a delay time period 
in the assignment to the bearer circuit among the encoded signals 

15 for the 5 DCME frames outputted by the encoded signal extracting 
unit 131. in the case that the input signal from the pseudo speech 
active judging unit 28 is changed from the "active" state into the 
"silent" state, and thereafter the assignment operation to the 
bearer circuit is not performed, the delay selection judging unit 

20 135 causes the selector 133 to select the invalid encoded signal 
supplied from the invalid encoded signal producing unit 132. 

When the transmission rate recovering unit 13 is operated in 
accordance with the above-explained operating manner, the encoded 
signals appeared just after the input signal is changed from the 
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"silent" state into the "active" state can be firmly transmitted 
to the bearer circuit. In this case, as to the encoded signals 
appeared just after the input signal is changed from the "active" 
state into "silent" state, if the assignment operation of the bearer 

5 circuit is removed at the same time when this signal is changed 
from the "active" state to the "silent" state, then the encoded 
signals which have been delayed are not transmitted to the bearer 
circuit, in such a case that the old encoded signal is selected 
under the assignment state. 

10 As previously described in detail, even. when both the pseudo 

speech signal producing unit 12 shown in Fig. 8 and the transmission 
rate recovering unit 13 shown in Fig. 9 are employed, the trunk 
channel (TCn) operated under pass-through operation is operated 
in such a way that the encoded signals appeared just after the input 

15 signal is changed from the silent state into the active state can 
be firmly transmitted. As a consequence, both the speech coding 
device and the speech decoding device can be reset in the synchronous 
resetting mode. 

20 EMBODIMENT MODE 16 

Fig. 10 is a block diagram for schematically representing an 
entire arrangement of a digital circuit multiplication equipment 
(DCME) according to an embodiment mode 16 of the present invention. 
It should be noted that the same reference numerals shown in the 
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embodiment mode 14 of Fig. 6 will be employed as those for indicating 
the same, or similar circuit units represented in Fig. 10 , and 
explanations thereof are omitted. As a newly employed reference 
numeral, reference numeral 31 shows a pseudo speech rate judging 
5 unit . 

Next, operations of the digital circuit multiplication 
equipment (will be simply referred to as a "DCME" hereinafter) 
indicated in Fig. 10 will now be described. 

In Fig. 10, a active judging unit 1, a signal discriminating 

10 unit 2, a message producing unit 5, a multiplexing unit 6,- a 
separating unit 7, a second comfort noise generating unit 14, a 
first comfort noise unit 15, a first pattern interpolating unit 
16, a second pattern interpolating unit 17, a first pattern 
detecting unit 18, a second pattern detecting unit 19, a selector 

15 20, a selector 21, a selector 22, a selector 23, and also an OR 
gate circuit 24 are operated in a similar manner to those of the 
DCME shown in Fig. 1. The speech encoding unit 3 is operated in 
a similar manner to that of the DCME shown in Fig. 2. This speech 
encoding unit 3 performs a low-bit-rate encoding operation of a 

20 64 Kbit/s PCM signal into either an 8 Kbit/s PCM signal or a 40 
Kbit/s PCM signal in a similar manner to that of the DCME shown 
in Fig. 2 . When the encoding rate is selected to 8 Kbit/s, the speech 
encoding unit 3 outputs such a encoded signal other than a specific 
encoded signal. 
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Also, the message decrypting unit 8 is operated in a similar 
manner to that of the conventional DCME indicated in Fig. 16. The 
speech decoding unit 9 is operated in a similar manner to that of 
the speech decoding unit 9 shown in Fig. 2. As a result, an internal 
5 arrangement diagram of this speech decoding unit 9 is represented 
in Fig. 4. Also, the pseudo speech signal active judging unit 28 
is operated in a similar manner to that of the DCME shown in Fig. 
2. That is, the pseudo speech active judging unit 28 detects the 
active/silence information contained in the pseudo speech signal. 

10 When the active information is contained in the pseudo speech signal, 
the pseudo speech active judging unit 2 8 outputs "1." Conversely, 
when the silent information is contained in the pseudo speech signal, 
the pseudo speech active judging unit 2 8 outputs "0." 

Operations of the pseudo speech signal producing unit 12 will 

15 now be explained with reference to an internal arrangement diagram 
of Fig. 11. In Fig. 11, reference numeral 124 shows a encoding rate 
information producing unit for producing encoding rate information 
which is embedded in a pseudo speech signal. In this drawing, a 
active/silence information producing unit 122 produces "active" 

20 information under bearer-line assignment state, and "silent" 
information under bearer-line no-assignment state based upon 
bearer-line assignment /no-assignment information entered from the 
message decrypting unit 8 to thereby output the sound and silent 
information to the encoded signal synthesizing unit 123. 
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Based upon the encoding rate information entered from the 
message decrypting unit 8, the encoding rate information producing 
unit 124 produces such encoding rate information which is embedded 
into the pseudo speech signal. The encoded signal synthesizing 
5 unit 123 adds dummy information to the encoded signal of either 
8 Kbit/s or 40 Kbit/s entered from the separating unit 7, the 
active/silence information inputted from the active/silence 
information producing unit 122, and also the encoding rate 
information inputted from the encoding rate information producing 

10 unit 124, so that a pseudo encoded signal of 64 Kbit/s is produced 
to be outputted. It should be noted that since a partial signal 
of this pseudo speech signal is destroyed by interpolating the 
second pattern by the second pattern interpolating unit 17, the 
encoded signal synthesizing unit 123 synthesizes the signals in 

15 such a manner that this signal portion to be destroyed may correspond 
to the above-explained dummy information. 

As previously explained, since the encoding rate information 
is contained in the pseudo speech signal, the pseudo speech rate 
judging unit 31 extracts this encoding rate information. When the 

20 extracted encoding rate information is 8 Kbit/s, this pseudo speech 
rate judging unit 31 outputs such a control signal of "0", whereas 
when the extracted encoding rate information is 40 Kbit/s, this 
pseudo speech rate judging unit 31 outputs such a control signal 
of "1". 
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The output signal from the pseudo speech rate judging unit 
31, the output signal of the second pattern detecting unit 19, and 
the output signal of the pseudo speech active judging unit 28 are 
entered to the assignment control unit 4, respectively. As to such 
5 a trunk channel that the input signal from the second pattern 
detecting unit 19 is equal to "0" (namely, second pattern no- 
detection state), the assignment control unit 4 employs the input 
signal supplied from the active judging unit 1 as the active/silence 
information of this trunk channel, and also the assignment control 

10 unit 4 employs the input signal from the signal discriminating unit 
2 as the signal discrimination information. As to such a trunk 
channel that the input signal from the second pattern detecting 
unit 19 is equal to "1" (namely, second pattern detection state), 
the assignment control unit 4 employs the input signal supplied 

15 from the pseudo speech active judging unit 28 as the active/silence 
information of this trunk channel. Furthermore, the assignment 
control unit 4 judges the input signal as the speech when the 
encoding rate information derived from the pseudo speech rate 
judging unit 31 is 8 Kbit/s, and also judges the input signal as 

20 the voice-band data when this encoding rate information is 40 Kbit/s 
as the signal discrimination signal. As to other operations, 
namely bearer circuit assignment operation, this assignment control 
unit 4 is operated in a similar manner to that of the DCME shown 
in Fig. 16. 
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In other words, with respect to such a trunk channel operated 
not under the pass-through operation (second pattern signal is not 
detected), the assignment control unit 4 performs a similar bearer 
circuit assigning operation to that of the conventional DCME. As 
5 to such a trunk channel operated under the pass-through operation 
(second pattern signal is detected), the assignment control unit 
4 performs a bearer circuit assigning operation by employing the 
active/silence information contained in the pseudo speech signal, 
and the encoding rate information. 

10 The transmission rate recovering unit 13 will now be explained • 

with reference to an internal structural diagram shown in Fig. 12. 
In Fig. 12, reference numeral 135 shows a second invalid encoded 
signal producing unit for producing an invalid encoded signal, and 
reference numeral 136 represents a selector. 

15 First, in Fig. 12, the encoded signal extracting unit 131 

extracts either the 8 Kbit/s encoded signal or the 40 Kbit/s encoded 
signal from the pseudo speech signal entered from the trunk side 
in accordance with the encoding rate information derived from the 
pseudo speech rate judging unit 31, and then outputs the extracted 

20 encoded signal to the selector 133 . In accordance with the encoding 
rate information supplied from the pseudo speech rate judging unit 
31, the invalid encoded signal producing unit 132 produces either 
an 8 Kbit/s invalid encoded signal or a 40 Kbit/s invalid encoded 
signal to output the produced invalid encoded signal to the selector 
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133. 

In this case, as to the output operation of the invalid encoded 
signal in the case of 8 Kbit/s, this invalid encoded signal producing 
unit 132 is operated in a similar manner to that of the invalid 
5 encoded signal producing unit 132 employed in the transmission rate 
recovering unit 13 shown in Fig. 3. As to the 40 Kbit/s invalid 
encoded signal, in such a case that this speech encoding system 
corresponds to the ADPCM system defined in the ITU-T recommendation 
G.766, the invalid encoded signal producing unit 132 outputs as 

10 the encoded signal a 5-bit signal per 125 microseconds. There is 
no possibility that all of 5 bits are equal to "1." As a result, 
for example, such a signal whose all 400 bits are equal to "1" may 
be used as the invalid encoded signal (total bit number of 40 Kbit/s 
encoded signal is equal to 400 bits = 40000 bits/second x 0.01 

15 second) . 

In response to the input signal supplied from the pseudo speech 
active judging unit 28, the selector 133 selects the input signal 
derived from the encoded signal extracting unit 131 when this 
judgement input signal is equal to "1", namely "active", whereas 
20 the selector 133 selects the input signal derived from the invalid 
encoded signal producing unit 132 when this judgement input signal 
is equal to "0", namely "silent." Then, this selector 133 outputs 
the selected signal to the variable DELAY unit 134. Also, the second 
encoded signal producing unit 135 is operated in a similar manner 

79 



to that of the invalid encoded signal producing unit 132 , and outputs 
either 8 Kbit/s invalid encoded signal or 40 Kbit/s invalid encoded 
signal based upon the encoding rate information derived from the 
assignment control unit 4 . In response to a control signal supplied 
5 from the variable DELAY unit 134 , the selector 13 7 selects the input 
signal derived from the variable DELAY unit 134 when this control 
signal is equal to "0." Also, in response to a control signal 
supplied from the variable DELAY unit 134, the selector 137 selects 
the input signal derived from the second invalid encoded signal 
10 producing unit 136 when, this control signal is equal to "1." 

Next, operations of the variable DELAY unit 134 will now be 
explained. 

The variable DELAY unit 134 delays the signal entered from 
the selector 133 based upon the active/silence information entered 

15 from the pseudo speech active judging unit 28, the bearer circuit 
assignment/no-assignment information and the assignment rate 
information, which are entered from the assignment control unit 
4, and also the encoding rate information entered from the pseudo 
speech rate judging unit 31. As a result, the encoded signals 

20 appeared just after this input signal is changed from the silent 
state into the active state (namely, input signal is changed from 
invalid encoded signal into normal encoded signal), and also just 
immediately after the encoding rate is changed can be firmly 
outputted to the bearer circuit. 
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First, the following case will now be considered. That is, 
there is no change in both the encoding rate information of the 
pseudo speech signal and also the bearer circuit assignment rate. 
In principle, the bearer circuit assignment rate is not changed 
5 unless the encoding rate of the pseudo speech signal is changed. 

When the input signal supplied from the pseudo speech active 
judging unit 28 is changed from the "silent" state into the "active" 
state, and at the same time, when the input signal supplied from 
the assignment control unit 4 is changed from the "no-assignment" 

10 state into the "assignment" state (namely, when bearer circuit 
assignment is not delayed), the variable DELAY unit 134 directly 
outputs the input signal derived from the selector 133. 

On the other hand, when the input signal supplied from the 
pseudo speech active judging unit 28 is changed from the "silent" 

15 state into the "active" state, and at the same time, a delay is 
made in which the input signal supplied from the assignment control 
unit 4 is changed from the "no -assignment" state into the 
"assignment" state (namely, when bearer circuit assignment is 
delayed) , the variable DELAY unit 134 stores thereinto the encoded 

20 signals entered from the selector 133 until the assignment operation 
to the bearer circuit is carried out. While such encoded signals 
are stored, the variable DELAY unit 134 is continued to output the 
invalid encoded signals which have been outputted just before the 
signal storage operation. Then, when the assignment operation to 
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the bearer circuit is commenced, the variable DELAY unit 134 outputs 
the stored encoded signals in the order of the signal storage 
operations . 

In other words, this variable DELAY unit 134 delays the encoded 
5 signals by such a time period corresponding to the assignment 
operation to the bearer circuit, and then outputs the delayed 
encoded signals. 

In the case that the input signal from the pseudo speech active 
judging unit 2 8 is changed from the "active" state into the "silent" 

10 state, and thereafter the assignment of the trunk channel to the 
bearer circuit is not removed, if the encoded signal has been delayed, 
then the variable DELAY unit 134 discards the encoded signals which 
have been delayed (or invalid encoded signals ) , and directly outputs 
the input signal supplied from the selector 133. 

15 When the variable DELAY unit 134 is operated in accordance 

with the above-explained operating manner, the encoded signals 
appeared just after the input signal is changed from the "silent" 
state into the "active" state can be firmly transmitted to the bearer 
circuit. In this case, as to the encoded signals appeared just after 

20 the input signal is changed from the "active" state into "silent" 
state, if the assignment of the trunk channel to the bearer circuit 
is removed at the same time when this signal is changed from the 
"active" state to the "silent" state, then the encoded signals which 
have been delayed are not transmitted to the bearer circuit. It 
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should also be noted that when there is no change in the encoding 
rate, as explained above, such a control signal of "0" is 
continuously outputted to the selector 137. As a consequence, the 
selector 137 continuously selects the output signal of the variable 
5 DELAY unit 134 to output this selected signal. 

Next, the following case will now be considered. That is, the 
encoding rate of the pseudo speech signal is changed. As a result, 
the assignment rate of the bearer circuit is changed (there is no 
possibility that this encoding rate information is not changed in 

10 case of "silent"). 

In such a case that both the encoding rate of the pseudo speech 
signal and the assignment rate of the bearer circuit are changed 
at the same time (namely, bearer circuit assignment change not 
delayed), the variable DELAY unit 134 directly outputs the input 

15 signal entered from the selector 133 without delaying this input 
signal irrespective of such a fact as to whether or not the input 
signal entered from the selector 133 has been delayed in this 
variable DELAY unit. Then, a control signal outputted to the 
selector 13 7 is equal to "0" (namely, output of variable DELAY unit 

20 134 is selected). 

Also, another case is considered in which while the encoding 
rate change of the pseudo speech signal is changed, the assignment 
rate of the bearer circuit is delayed. First, until the assignment 
rate of the bearer circuit is changed, if such a encoded signal 
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which has not yet been outputted before the encoding rate is changed 
is left in the variable DELAY unit 134, then this remaining encoded 
signal is outputted. If not, then while the control signal to be 
outputted to the selector 137 is set to "1", the output of the second 
5 invalid encoded signal producing unit 136 is selected to be 
outputted. It should be understood that at this time, the second 
invalid encoded signal producing unit 136 outputs such an invalid 
encoded signal in response to the assignment rate supplied from 
the assignment control unit 4. Also, the variable DELAY unit 134 

10 stores thereinto the input signal derived from the selector 133. 

Thereafter, when the assignment rate of the bearer circuit 
is changed, the variable DELAY unit 134 returns the control signal 
outputted to the selector 137 to "0", and at the same time, 
sequentially outputs the encoded signals which have been inputted 

15 from the selector 133 to be stored thereinto from such a encoded 
signal appeared just after the encoding rate is changed. Then, if 
the encoded signals appeared before the encoding rate is changed, 
then the variable DELAY unit 134 discards all of these remaining 
encoded signals. 

20 As previously explained, such a encoded signal appeared just 

after the encoding rate is changed may be firmly outputted to the 
bearer circuit. 

Since the DCME shown in Fig. 10 is operated in the above- 
described operation, both the 8 Kbit/s encoded signal and 40 Kbit/s 
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encoded signal can be transmitted by way of the tandem pass-through 
operation. Also, when the encoded signal is changed from "silent" 
state into "active" state (namely, in bearer circuit connected from 
DCME 100 to DCME 101 in Fig. 18, the state is changed from 

5 "no-assignment" state into "assignment" state), both the encoded 
signal just after this change of the sound and the encoded signal 
just after the encoding rate are changed can be firmly transmitted 
by way of the tandem pass-through operation. 

As a result, in accordance with the DCME shown in Fig. 10, 

10 even when the tandem pass-through operation is carried out, the 
speech coding device and the speech decoding device of the DCME, 
which are located on both ends of the transmit path, can be reset 
in the synchronous resetting mode. 



15 EMBODIMEN T MODE 17 

Alternatively, the invalid encoded signal outputted from the 
second invalid encoded signal producing unit 136 employed in the 
transmission rate recovering unit 13 shown in Fig. 12 may be made 
different from the invalid encoded signal outputted from the invalid 

20 encoded signal producing unit 132. In other words, two different 
sorts of invalid encoded signal may be defined. In this alternative 
case, an internal arrangement of the speech decoding unit 9 is 
indicated in Fig. 13. In Fig. 13, as a new reference numeral, 
reference numeral 906 shows a second invalid encoded signal judging 
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unit. 

Next, a description will now be made of operation of the speech 
decoding unit 9 . 

It should be understood in the below-mentioned description 

5 that as to two different sorts of invalid encoded signals, the signal 
produced from the invalid encoded signal producing unit 132 shown 
in Fig. 12 will be referred to as a first invalid encoded signal, 
whereas a signal outputted from the second invalid encoded signal 
judging unit 906 will be referred to as a second invalid encoded 

10 signal. In Fig. 13, the invalid encoded signal judging unit 901, 
an AND gate circuit 903, a selector 904, and a silent PCM signal 
generating unit 905 are operated in a similar manner to those of 
the speech decoding unit 9 shown in Fig. 4. The second invalid 
encoded signal judging unit 906 inputs thereinto either the 8 Kbit/s 

15 encoded signal or the 40 Kbit/s encoded signal from the separating 
unit 7, and judges as to whether or not this input encoded signal 
corresponds to the second invalid encoded signal. Then, the second 
invalid encoded signal judging unit 906 outputs the judgment result 
to the encoded signal decoding unit 902. 

20 In the case that the judgment result entered from the second 

invalid encoded signal judging unit 906 is not equal to the second 
invalid encoded signal, this encoded signal decoding unit 902 is 
operated in a similar manner to that of the encoded signal decoding 
unit 902 employed in the speech decoding unit 9 shown in Fig. 4. 
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Conversely, in the case that the judgment result entered from the 
second invalid encoded signal judging unit 906 is equal to the second 
invalid encoded signal, this encoded signal decoding unit 902 
outputs a new PCM signal predicted from the states up to the previous 

5 DCME frame. As this signal, for instance, the output signal of the 
previous DCME frame may be directly outputted. Also, in such a case 
that the speech encoding algorithm corresponds to the CS-ACELP 
system defined in the ITU-T recommendation G.729, or the LD-CELP 
system defined in the ITU-T recommendation G . 7 2 8 , the encoded s ignal 

10 decoding unit 902 may execute the frame erasure concealing process 
operation defined in the recommendation G.728/G.729 to output a 
prediction signal. 

As apparent from the foregoing description made in connection 
with the embodiment mode 11, in the case that there is no signal 

15 which should pass through the DCME (namely, "silent" information 
of active/silence information contained in pseudo speech signal), 
the above-described first invalid encoded signal is outputted from 
the transmission rate recovering unit 28 when the encoding rate 
of the second invalid encoded signal is changed. As a result, the 

20 speech decoding unit 9 outputs the silent signal in the case of 
the "silent" state, and outputs the prediction signal when the 
encoding rate is switched in correspondence with this recovering 
operation. In the embodiment mode 11, the speech decoding unit 902 
outputs the silent signal in any case. Since switching of the 
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encoding rate is performed under active state, it is better for 
the speech decoding unit 9 that the prediction signal is outputted 
when the encoding rate is switched, which may produce more natural 
signals with respect to the telephone communication party. The 

5 reason why switching of the encoding rate is performed under active 
state is given as follows; Under such a condition that the input 
signal appears under "silent" state, the signal discriminating unit 
2 can hardly discriminate the sort of this input signal. 

As previously described, in accordance with the DCME of the 

10 embodiment mode 17, while the tandem pass-through operation is 
carried out, the speech coding device and the speech decoding device 
of the DCME, which are located on both ends of the transmit path, 
can be reset in the synchronous resetting mode. Also, even when 
the encoding rate is switched, the DCME can reproduce such telephone 

15 communication signals which may cause the communication party to 
have more natural feelings. 

It should also be noted that as the above-explained second 
invalid encoded signal, the below-mentioned encoded signal may be 
employed. 

20 In such a case that the speech encoding system corresponds 

to the ADPCM system defined in the ITU-T recommendation G.726, such 
a encoded signal which is not defined by this ITU-T recommendation 
may be used as the above-explained second invalid signal. This 
encoded signal contains such encodes for 1 sample, all of which 



are equal to " 1 . " 

In such a case that the speech encoding system corresponds 
to the CELP system, such a encoded signal may be used as the 
above-explained second invalid signal. This encoded signal 
5 contains vectors, the use frequency of which is low when the speech 
signal is inputted into the encoding device thereof. 

In such a case that the speech encoding system corresponds 
to the CS-ACELP system defined in the ITU-T recommendation G.729, 
such a encoded signal which is defined by this ITU-T recommendation 
10 may be used as the above-explained second invalid signal. In this 
encoded signal, the parity bit for protecting the parameter 
information becomes error. 

In such a case that the speech encoding system corresponds 
to the CS-ACELP system defined in the ITU-T recommendation G.729, 
15 such a encoded signal may be used as the above-explained second 
invalid signal . This encoded signal is made by that the pitch period 
information contained in this encoded signal which is used as the 
lowest period. 

Furthermore, in the above-describe embodiment mode, when the 
20 assignment rate of the bearer circuit is made faster than the speech 
encoding rate, a difference between these rates may be assigned 
to such information indicative of the first invalid encoded signal, 
the second invalid encoded signal, or the normal encoded signal. 

Alternatively, the signal which has been outputted from the 

89 



speech decoding device in the past may be employed as the prediction 
PCM signal. 

EMBODIMENT MODE 18 
5 Alternatively, while the transmission rate recovering unit 

13 may be arranged as shown in Fig. 14, the speech decoding unit 
9 may be arranged as shown in Fig. 15. 

In Fig. 14, reference numeral 137 indicates a data synthesizing 
unit, and reference number 138 represents a selector. Also, 
10 reference numeral 907 of Fig. 15 represents a encoded signal 
extracting unit. 

A first description is made of operations of the transmission 
rate recovering unit 13 shown in Fig. 14. 

The encoded signal extracting unit 131, the selector 133, and 
15 the selector 137 are operated in a similar manner to these of the 
relevant circuits employed in the transmission rate recovering unit 
13 shown in Fig. 12. In response to rate information supplied from 
the pseudo speech rate judging unit 31, the invalid encoded signal 
producing unit 132 outputs either a first invalid encoded signal 
20 of 8 Kbit/s or a first invalid encoded signal of 4 0 Kbit/s . It should 
be understood that when the fist invalid encoded signal of 40 Kbit/s 
is outputted, such a pattern is used by which the signal of 32 Kbit/s 
can be discriminated from the signal of 40 Kbit/s. In other words, 
it is possible to discriminate the signal from the normal encoded 
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signal, the first encoded signal, or the second encoded signal 
described below only by using 320 bits among 400 bits per DCME frame. 
As a consequence, while the second invalid encoded signal producing 
unit 13 6 outputs the second invalid encoded signal in response to 

5 the rate assignment information of the bearer circuit assignment 
from the assignment control unit 4, when the second invalid encoded 
signal of 40 Kbit/s is outputted, it is possible to discriminate 
as to whether or not the signal corresponds to the second invalid 
encoded signal only by using 320 bytes among 400 bits. 

10 Based upon the bearer circuit assignment rate entered from 

the assignment control unit 4, the selector 139 selects the second 
invalid encoding output signal from the second invalid encoded 
signal producing unit 13 6 when the assignment rate is 8 Kbit/s, 
and selects the output signal from the data synthesizing unit 138 

15 when the assignment rate is 40 Kbit/s. Then, this selector 139 
outputs the selected signal to the selector 137. The data 
synthesizing unit 138 synthesizes the 8 Kbit/s encoded signal 
outputted from the variable DELAY unit 134 with the second invalid 
encoded signal of 40 Kbit/s outputted from the second invalid 

20 encoded signal producing unit 136 to supply the synthesized signal 
to the selector 139. As previously explained, since the second 
invalid encoded signal produced when the assignment rate is 4 0 
Kbit/s can discriminate as to whether or not the signal corresponds 
to the second invalid encoded signal by using only 320 bits among 
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all of 400 bits per 1 frame, the 80-bit encoded signal of 8 Kbit/s 
is added to this 320-bit signal so as to produce a signal of 400 
bits from the data synthesizing unit 138. 

Next, operations of the variable DELAY unit 134 will now be 
5 explained. 

The variable DELAY unit 134 delays the signal entered from 
the selector 133 based upon the active/silence information entered 
from the pseudo speech active judging unit 28, the bearer circuit 
assignment /no -assignment information and the assignment rate 

10 information, which are entered from the assignment control unit 
4, and also the encoding rate information entered from the pseudo 
speech rate judging unit 31. As a result, the encoded signals 
appeared just after this input signal is changed from the silent 
state into the active state (namely, input signal is changed from 

15 invalid encoded signal into normal encoded signal), and also just 
immediately after the encoding rate is changed can be firmly 
outputted to the bearer circuit. 

First of all, the above-described variable DELAY unit 134 is 
operated in a similar manner to that of the transmission rate 

20 recovering unit 13 shown in Fig. 12 in such a case that there is 
no change in both the encoding rate information of the pseudo speech 
signal and also the bearer circuit assignment rate. In principle, 
the bearer circuit assignment rate is not changed unless the 
encoding rate of the pseudo speech signal is changed . In other words , 
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when the input signal supplied from the pseudo speech active judging 
unit 28 is changed from the "silent" state into the "active" state, 
and at the same time, when the input signal supplied from the 
assignment control unit 4 is changed from the "no-assignment" state 
5 into the "assignment" state (namely, when bearer circuit assignment 
is not delayed), the variable DELAY unit 134 directly outputs the 
input signal derived from the selector 133. 

On the other hand, when the input signal supplied from the 
pseudo speech active judging unit 28 is changed from the "silent" 

10 state into the "active" state, and at the same time, a delay is 
made in which the input signal supplied from the assignment control 
unit 4 is changed from the "no-assignment" state into the 
"assignment" state (namely, when bearer circuit assignment is 
delayed), the variable DELAY unit 134 stores thereinto the encoded 

15 signals entered from the selector 133 until the assignment operation 
to the bearer circuit is carried out. While such encoded signals 
are stored, the variable DELAY unit 134 is continued to output the 
invalid encoded signals which have been outputted just before the 
signal storage operation. Then, when the assignment operation to 

20 the bearer circuit is commenced, the variable DELAY unit 134 outputs 
the stored encoded signals in the order of the signal storage 
operations . 

In other words, this variable DELAY unit 134 delays the encoded 
signals by such a time period corresponding to delay of the 
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assignment operation to the bearer circuit, and then outputs the 
delayed encoded signals. 

In the case that the input signal from the pseudo speech active 
judging unit 2 8 is changed from the "active" state into the "silent" 
state, and thereafter the assignment operation to the bearer circuit 
is not performed, if the encoded signal has been delayed, then the 
variable DELAY unit 134 discards the encoded signals which have 
been delayed (or invalid encoded signals), and directly outputs 
the input signal supplied from the selector 133. 

When the variable DELAY unit 134 is operated in accordance 
with the above-explained operating manner, the encoded signals 
appeared just after the input signal is changed from the "silent" 
state into the "active" state can be firmly transmitted to the bearer 
circuit. In this case, as to the encoded signals appeared just after 
the input signal is changed from the "active" state into "silent" 
state, if the assignment operation of the bearer circuit is removed 
at the same time when this signal is changed from the "active" state 
to the "silent" state, then the encoded signals which have been 
delayed are not transmitted to the bearer circuit. It should also 
be noted that when there is no change in the encoding rate, as 
explained above, such a control signal of "0" is continuously 
outputted to the selector 137. As a consequence, the selector 137 
continuously selects the output signal of the variable DELAY unit 
134 to output this selected signal. 
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The following case will now be considered. That is, the 
encoding rate of the pseudo speech signal is changed. As a result, 
the assignment rate of the bearer circuit is changed (there is no 
possibility that this encoding rate information is not changed in 

5 case of "silent"). 

In such a case that both the encoding rate of the pseudo speech 
signal and the assignment rate of the bearer circuit are firstly- 
changed at the same time (namely, bearer circuit assignment is not 
delayed), the variable DELAY unit 134 directly outputs the input 

10 signal entered from the selector 133 without delaying this input 
signal irrespective of such a fact as to whether or not the input 
signal entered from the selector 133 has been delayed in this 
variable DELAY unit 134. Then, a control signal outputted to the 
selector 137 is equal to "0" (namely, output of variable DELAY unit 

15 134 is selected). 

Also, another case is considered in which while the encoding 
rate of the pseudo speech signal is changed, the assignment rate 
of the bearer circuit is delayed. In this delay case, the operations 
of the variable DELAY unit 134 are performed in different manners 

20 when the assignment rate of the bearer circuit is changed from 40 
Kbit/s to 8 Kbit/s, and conversely, when the assignment rate of 
the bearer circuit is changed from 8 Kbit/s to 4 0 Kbit/s. 

First, when the bearer circuit assignment rate is changed from 
8 Kbit/s to 40 Kbit/s, the operation of the variable DELAY unit 
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134 is carried out in a similar manner to that of the transmission 
rate recovering unit 13 shown in Fig. 12. Namely, until the 
assignment rate of the bearer circuit is changed, if such a encoded 
signal which has not yet been outputted before the encoding rate 

5 is changed is left in the variable DELAY unit 134, then this 
remaining encoded signal is outputted. If not, then while the 
control signal to be outputted to the selector 137 is set to "1", 
the output of the selector 13 9 is selected to be outputted. 

It should be understood that at this time, since the bearer 

10 circuit assignment rate is equal to 8 Kbit/s, the selector 13 9 
selects the second invalid encoded signal outputted from the second 
invalid encoded signal producing unit 136. Also, the variable 
DELAY unit 134 stores thereinto the input signal supplied from the 
selector 133. Thereafter, when the assignment rate of the bearer 

15 circuit is changed, the variable DELAY unit 134 returns the control 
signal outputted to the selector 13 7 to "0", and at the same time, 
sequentially outputs the encoded signals which have been inputted 
from the selector 13 3 to be stored thereinto from such a encoded 
signal appeared just after the encoding rate is changed. Then, if 

20 the encoded signals appeared before the encoding rate is changed, 
then the variable DELAY unit 134 discards all of these remaining 
encoded signals. 

As previously explained, such a encoded signal appeared just 
after the encoding rate is changed from 8 Kbit/s to 40 Kbit/s may 
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be firmly outputted to the bearer circuit. Conversely, in such a 
case that the encoding rate is changed from 4 0 Kbit/s into 8 Kbit/s, 
the variable DELAY unit 134 directly outputs the input signal 
(encoded signal of 8 Kbit/s) supplied from the selector 133 without 

5 delays even while the assignment rate of the bearer circuit is 
changed. It should also be noted that while the control signal to 
be outputted to the selector 137 is set to "1", the selector 137 
accordingly selects the output signal of the selector 139 to output 
therefrom this selected signal. 

10 Also, the 8 Kbit/s encoded signal outputted from this variable 

DELAY unit 134 is synthesized with the second invalid encoded signal 
by the data synthesizing unit 138, and then the synthesized signal 
is supplied to the selector 13 9. Furthermore, since the bearer 
circuit assignment rate is equal to 40 Kbit/s, the selector 13 9 

15 outputs such a input signal derived from the selector 13 9 to the 
selector 137. As a result, under this condition, the 40 Kbit/s 
signal outputted form the transmission rate recovering unit 13 
constitutes such a signal produced by synthesizing the second 
invalid encoded signal with the 8 Kbit/s encoded signal. 

20 Thereafter, when the bearer circuit assignment rate of 40 Kbit/s 
is changed into 8 Kbit/s, the variable DELAY unit 134 returns the 
control signal outputted to the selector 137 to "0." As previously 
explained, in such a case that the encoding rate is changed from 
40 Kbit/s to 8 Kbit/s, the 8 Kbit/s encoded signal appeared just 
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after this encoding rate change is synthesized with the second 
invalid encoded signal to obtain the signal of 40 Kbit/s which will 
be then outputted to the bearer circuit. 

Next, operation of the speech decoding unit 9 shown in Fig. 

5 15 will now be explained. In Fig. 16, an invalid encoded signal 
judging unit 901, an AND gate circuit 903, a selector 904, and a 
silent PCM signal generating unit 905, and also a second invalid 
encoded signal judging circuit 906 are operated in a similar manner 
to those of the speech decoding unit 9 shown in Fig. 13. When the 

10 judgment result derived from the second invalid encoded signal 
judging unit 906 corresponds to the second invalid encoded signal, 
and encoding rate information derived from the message decrypting 
unit 8 corresponds to 40 Kbit/s, since the input signal from the 
separating unit 7 is equal to such a signal obtained by synthesizing 

15 the second invalid encoded signal with the 8 Kbit/s encoded signal, 
the encoded signal extracting unit 907 extracts only such an 8 Kbit/s 
encoded signal from this synthesized signal. Then, the encoded 
signal extracting unit 907 outputs the extracted 8 Kbit/s encoded 
signal to the encoded signal decoding unit 902. In other cases, 

20 the encoded signal extracting unit 907 directly outputs the input 
signal from the separating unit 7 to the encoded signal decoding 
unit 902. 

The encoded signal decoding unit 902 decodes either the 8 
Kbit/s encoded signal or the 40 Kbit/s encoded signal extracted 
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from the encoded signal extracting unit 907 to obtain a PCM signal 
in accordance with the encoding rate information derived from the 
message decrypting unit 8. In such a case that even when the 
encoding rate information supplied from the message decrypting unit 
5 8 is equal to 40 Kbit/s, if the judgment result entered from the 
second invalid encoded signal judging unit 906 is equal to the second 
invalid encoded signal, the encoded signal decoding unit 902 execute 
the speech encoding process operation for the 8 Kbit/s signal. 
Other internal parameter resetting operations are carried out in 

10 a similar manner to those of the encoded signal decoding unit 902 
employed in the speech decoding unit 9 shown in Fig. 13. 

As previously described, also, according to this embodiment 
mode 18, while the tandem pass -through operation is carried out, 
the speech coding device and the speech decoding device od DCME, 

15 which are located on both ends of the transmit path, can be reset 
in the synchronous resetting mode. Also, when the encoding rate 
is switched from 4 0 Kbit/s to 8 Kbit/s, even if the bearer circuit 
assignment operation is delayed, then a similar operation to that 
of such a case that substantially no assignment delay occurs can 

20 be achieved since the 8 Kbit/s encoded signal is embedded into the 
bearer circuit to which the 40 Kbit/s decoded signal is assigned, 
and then the embedded encoded signal is transmitted. 

As previously described in detail, in accordance with the 
99 



present invention, in the digital circuit multiplication equipment 
equipped with the tandem pass-through function, such a digital 
circuit multiplication equipment capable of resetting both the 
speech coding device and the speech decoding device in the 
synchronous resetting mode can be obtained. 
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WHAT IS CLAIMED IS: 

1. In a digital circuit multiplication equipment equipped 
with a tandem pass-through function capable of passthrough- 
transmitting a signal with respect to a trunk channel 
5 repeated/connected thereto via a exchange, while not performing 
both a low-bit-rate speech encoding operation and also a low- 
bit-rate speech decoding operation, 

the digital circuit multiplication equipment comprising: 

means for transmitting (notifying) the number of trunk channel 
10 operated under pass-through operation to another digital circuit 
multiplication equipment connected via a bearer circuit; and 

means for continuously assigning a bearer circuit with respect 
to the trunk channel operated under pass -through operation. 

15 2. A digital circuit multiplication equipment as claimed 

in claim 1, wherein: 

said means for transmitting (notifying) the number of said 

trunk channel operated under pass-through operation to another 

digital circuit multiplication equipment connected thereto via the 
20 bearer circuit transmits (notifies) the trunk channel number by 

employing a specific bearer channel number contained in an 

assignment message of a bearer circuit. 

3. A digital circuit multiplication equipment as claimed 
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in claim 1, wherein: 

said means for transmitting (notifying) the number of said 
trunk channel operated under pass-through operation to another 
digital circuit multiplication equipment connected thereto via the 
5 bearer circuit transmits (notifies) the trunk channel number by 
employing a specific bearer channel number contained in an 
assignment message of a bearer circuit. 

4. In a digital circuit multiplication equipment equipped 
10 with a tandem pass-through function capable of passthrough- 
transmitting a signal with respect to a trunk channel 
repeated/connected thereto via a exchange, while not performing 
both a low-bit-rate speech encoding operation and also a low- 
bit-rate speech encoding operation, 
15 the digital circuit multiplication equipment comprising: 

means for embedding information into a signal which is 
outputted with respect to a trunk channel operation under 
pass-through operation, said information indicating as to whether 
or not a encoded speech signal derived from a bearer circuit is 
20 present; 

means for detecting from an input signal of a trunk channel 
operated under pass-through operation, information indicating as 
to whether or not said encoded speech signal derived from said bearer 
circuit is present; 
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means for outputting a first invalid encoded signal indicative 
of being equal to an invalid encoded signal with respect to the 
bearer circuit in such a case that the encoded speech signal derived 
from the bearer circuit is not contained in the input signal of 
5 the trunk channel operated under the pass-through operation; 

a speech decoding device for outputting only a signal different 
from said first invalid encoded signal; and 

means for outputting a silent (silent) PCM signal in a trunk 
channel which receives said first invalid encoded signal from the 
10 bearer circuit. 

5. In a digital circuit multiplication equipment equipped 
with a tandem pass-through function capable of passthrough- 
transmitting a signal with respect to a trunk channel 
15 repeated/connected thereto via a exchange, while not performing 
both a low-bit-rate speech encoding operation and also a low- 
bit-rate speech decoding operation/ 

the digital circuit multiplication equipment comprising: 

means for synthesizing a first invalid encoded signal which 
20 indicates that in a trunk channel operated under pass-through 
operation, where an input signal from a bearer circuit is not 
supplied, a encoded signal thereof is invalid with an output signal 
of said trunk channel; 

a speech decoding device for outputting only a signal different 
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from a signal for indicating that the encoded signal is invalid 
with respect to said bearer circuit; and 

means for outputting a silent PCM signal in a trunk channel 
for receiving said first invalid encoded signal from the bearer 
5 circuit. 

6. A digital circuit multiplication equipment as claimed 
in claim 4, wherein: 

said digital circuit multiplication equipment is further 
10 comprised of: 

means for determining an assignment of the trunk channel 
operated under pass-through operation to the bearer circuit by 
employing such information for indicating as to whether or not a 
encoded speech signal derived from the bearer circuit is present 
15 in the input signal of the trunk channel; and 

means for delaying a encoded signal contained in an input 
signal of a trunk channel in such a case that when a state under 
which the encoded speech signal is not present from the bearer 
circuit contained in the input signal of the trunk channel operated 
20 under pass-through operation is transmitted to another state under 
which the encoded speech signal is present, the assignment of said 
trunk channel to the bearer circuit is delayed, and for starting 
to output said delayed encoded signal after the trunk channel has 
been assigned to the bearer circuit. 
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7. A digital circuit multiplication equipment as claimed 
in claim 4, wherein: 

said digital circuit multiplication equipment is further 
comprised of: 

5 means for outputting encoded speech signals which correspond 

to plural frames and have been inputted from the bearer circuit 
in the past with respect to the trunk channel operated under 
pass-through operation; 

means for extracting said encoded speech signal corresponding 

10 to the plural frames from the input signal of the trunk channel 
operated under pass-through operation; and 

means for outputting old encoded speech signals by the delayed 
assignment number from the encoded speech signals corresponding 
to the plural frames, which are extracted from the input signal 

15 of said trunk channel in such a case that when a state under which 
the encoded speech signal is not present from the bearer circuit 
contained in the input signal of the trunk channel operated under 
pass-through operation is transmitted to another state under which 
the encoded speech signal is present, the assignment of said trunk 

20 channel to the bearer circuit is delayed, and for starting to output 
said delayed encoded signal after the trunk channel has been 
assigned to the bearer circuit. 

8. A digital circuit multiplication equipment as claimed 



105 



in claim 4, wherein: 

said digital circuit multiplication equipment is further 
comprised of: 

means for embedding information indicative of a encoding rate 
5 of a encoded speech signal from the bearer circuit into a signal 
which is outputted with respect to a trunk channel operated under 
pass-through operation; 

means for detecting the information indicative of said 
encoding rate from the input signal of the trunk channel operated 
10 under pass-through operation; 

means for determining an assignment of said trunk channel to 
the bearer circuit by using said encoding rate detected from the 
input signal of the trunk channel operated under pass -through 
operation; and 

15 means for delaying the encoded signal contained in the input 

signal of the trunk channel in such a case that when the encoding 
rate of the encoded speech signal contained in the input signal 
of the trunk channel operated under pass-through operation is 
transmitted, the assignment rate change of said trunk channel to 

20 the bearer circuit is delayed, and for starting to output the delayed 
encoded signal after the bearer circuit has been assigned. 

9. A digital circuit multiplication equipment as claimed 
in claim 8, wherein: 



106 



said digital circuit multiplication equipment is further 
comprised of: 

means for outputting a second invalid encoded signal to the 
bearer circuit until the assignment rate to the bearer circuit is 
5 changed, said second invalid encoded signal indicating that said 
signal is an invalid encoded speech signal, in such a case that 
when the encoding rate of the encoded speech signal contained in 
the input signal of the trunk channel operated under pass-through 
operation is transmitted, the assignment rate change of said trunk 
10 channel to the bearer circuit is delayed; 

a speech decoding device for outputting only such a signal 
different from both said first invalid encoded signal and said 
second invalid encoded signal; and 

means for outputting a silent PCM signal in the case that said 
15 first invalid encoded signal is entered from the bearer circuit, 
and also for outputting a prediction PCM signal for predicting a 
PCM signal which should be subsequently outputted in such a case 
that said second invalid encoded signal is inputted. 

20 10. A digital circuit multiplication equipment as claimed 

in claim 4, wherein: 

said digital circuit multiplication equipment is further 
comprised of: 

means for embedding information indicative of a encoding rate 
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of a encoded speech signal from the bearer circuit into a signal 
which is outputted with respect to a trunk channel operated under 
pass-through operation; 

means for detecting the information indicative of said 

5 encoding rate from the input signal of the trunk channel operated 
under pass-through operation; 

means for determining an assignment of said trunk channel to 
the bearer circuit by using said encoding rate detected from the 
input signal of the trunk channel operated under pass-through 

10 operation; 

means for delaying the encoded signal contained in the input 
signal of the trunk channel in such a case that when the encoding 
rate of the encoded speech signal contained in the input signal 
of the trunk channel operated under pass-through operation is 

15 transmitted from a high rate to a low rate, the assignment rate 
change of said trunk channel to the bearer circuit is delayed, and 
for starting to output the delayed encoded signal after the bearer 
circuit has been assigned. 

means for outputting a second invalid encoded signal to the 

20 bearer circuit until the assignment rate to the bearer circuit is 
changed, said second invalid encoded signal indicating that said 
signal is an invalid encoded speech signal, in such a case that 
when the encoding rate of the encoded speech signal contained in 
the input signal of the trunk channel operated under pass-through 

108 



operation is transmitted from the high rate to the low rate, the 
assignment rate change of said trunk channel to the bearer circuit 
is delayed; 

means for synthesizing the encoded signal contained in the 
5 input signal of said trunk channel with such information for 
indicating such a fact that the encoded signal of the low encoding 
rate is contained in the case that when the encoding rate of the 
encoded speech signal contained in the input signal of the trunk 
channel operated under pass-through operation, the assignment rate 
10 change of said trunk channel to the bearer circuit is delayed, and 
then for- outputting the synthesized encoded signal to the bearer 
circuit; 

a speech decoding device for outputting only such a signal 
different from both said first invalid encoded signal and said 

15 second invalid encoded signal; and 

means for outputting a silent PCM signal in the case that said 
first invalid encoded signal is entered from the bearer circuit, 
and for outputting a prediction PCM signal for predicting a PCM 
signal which would be subsequently outputted in such a case that 

20 said second invalid encoded signal is inputted; and further for 
extracting the encoded signal of the low rate to be decoded into 
a PCM signal in such a case that such a signal is inputted in which 
said encoded signal of the low rate is synthesized with the 
information for indicating that the encoded signal of the low rate 
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is contained. 

11. A digital circuit multiplication equipment as claimed 
in claim 4, wherein: 

5 when a speech encoding system corresponds to the ADPCM system 

defined in the ITU-T recommendation G.72 6, a encoded signal which 
is not defined by said ITU-T recommendation and contains such 
encodes, all of which for 1 sample are equal to "1", is used as 
said first invalid encoded signal. 

10 

12. A digital circuit multiplication equipment as claimed 
in claim 4, wherein: 

when a speech encoding system corresponds to the CELP system, 
a encoded signal containing a vector is used as said first invalid 
15 encoded signal, the use frequency of which vector being low when 
a speech signal is inputted into the encoding device. 

13. A digital circuit multiplication equipment as claimed 
in claim 9, wherein: 

20 when a speech encoding system corresponds to the ADPCM system 

defined in the ITU-T recommendation G.726, a encoded signal which 
is not defined by said ITU-T recommendation and contains such 
encodes, all of which for 1 sample are equal to "1", is used as 
said second invalid encoded signal. 
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14. A digital circuit multiplication equipment as claimed 
in claim 9, wherein: 

when a speech encoding system corresponds to the CELP system, 
a encoded signal containing a vector is used as said second invalid 
encoded signal, the use frequency of which vector being low when 
a speech signal is inputted into the encoding device. 
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RRSTKACT OF TffF. DISCLOSURE 

In a digital circuit multiplication equipment equipped with 
a tandem pass-through function, a speech coding device and a speech 
decoding device are resettable in a synchronous resetting mode. 

5 In such a digital circuit multiplication equipment equipped with 
a tandem pass-through function capable of passthrough-transmitting 
a signal with respect to a trunk channel repeated/connected thereto 
via a exchange, while not performing both a low-bit-rate speech 
encoding operation and also a low-bit-rate speech decoding 

10 operation, the digital circuit multiplication equipment is 
comprised of: means for transmitting (notifying) the number of trunk 
channel operated under pass-through operation to another digital 
circuit multiplication equipment connected via a bearer circuit; 
and means for continuously assigning a bearer circuit with respect 

15 to the number of trunk channel operated under pass-through operation, 
the trunk channel number being received from another digital circuit 
multiplication equipment connected thereto via the bearer circuit. 
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FAM-07053 

0054-0222P 


A Declaration and Power of Attorney For Patent Application 






Japanese Language Declaration 






ym(D&.^(omn^t lt, mmr corny aw l£-t* 


As a below named inventor, I hereby declare that: 




My residence, post office address and citizenship are as stated 




next to my name. 




I believe I am the original, first and sole inventor (if only one 




name is listed below) or an original, first and joint inventor (if 




plural names are listed below) of the subject matter which is 




claimed and for which a patent is sought on the invention 




entitled. 




DIGITAL CIRCUIT MULTIPLICATION 




EQUIPMENT 






the specification of which 




03 is attached hereto. 




□ was filed on 




as United States Application Number or 




PCT International Application Number 




and was ampnrisri r>n 
(if applicahlfi) 




I hereby state that I have reviewed and understand the 




contents of the above identified specification, including the 
claims, as amended by any amendment referred to above. 




I acknowledge the duty to disclose information which is material 




to patentability as defined in Title 37, Code of Federal 




Regulations, Section 1 .56. 
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Japanese Language Declaration 



$Mi, *H-ffi*^35ffill9* (a) - (d) SXii365* (b) 



Prior Foreign Application(s) 

2000-030791 
(Number) 

(Number) 
(##) 



Japan 



(Country) 

(H«) 



O &tt.SI35ll#Bffil*119& (e) «icSoVTTI2©*»rfffr 



(Application No.) 



(Filing Date) 
(ffilB) 



£365* (c) cScf<«f!l%c:cc±aiL*1- 0 Sfc, #ffi)U«& 
;%*ffiffl©W#* s *@ffi»^35fflll2ft^l^X(i#Wffi**gJ-C 



(Application No.) 

(ajjn##) 



(Filing Date) 
(fflSB) 



(Filing Date) 
(iHKB) 



EM) 

I hereby claim foreign priority under Title 35, United States Code, 
Section 119 (a)-(d) or 365(b) of any foreign application^) for patent 
or inventor's certificate, or Section 365(a) of any PCT International 
application which designated at least one country other than the 
United States, listed below and have also identified below, by 
checking the box, any foreign application for patent or inventor's 
certificate, or PCT International application having a filing date 
before that of the application on which priority is claimed. 

Priority Claimed 

m □ 



/ 02 / 2000 



(Day/Month/Year Filed) 
(itiffi^EB) 



(Day/Month/Year Filed) 



an 

□ 

Yes 
fin 



No 



I hereby claim the benefit under Title 35, United States Code, 
Section 119(e) of any United States provisional application(s) listed 
below. 



(Application No.) 



(Filing Date) 
(ffSBB) 



I hereby claim the benefit under Title 35, United States Code, Section 
120 of any United States application(s), or Section 365(c) of any PCT 
Internationa! application designating the United States, listed below 
and, insofar as the subject matter of each of the claims of this 
application is not disclosed in the prior United States or PCT 
International application in the manner provided by the first paragraph 
of Title 35, United States Code Section 1 12, 1 acknowledge the duty 
to disclose information which is material to patentability as defined in 
Title 37, Code of Federal Regulations, Section 1.56 which became 
available between the filing date of the prior application and the 
national or PCT international filing date of application. 



(Status: Patented, Pending, Abandoned) 

mm ■. nm^m. mm*, mmm) 



(Application No.) 

mmxh 9 , Ltcmm. t nwm t s t z. 5 cso* 

< mm^rmmxh ztm^x^zzt. $ h csi^c^ $ 

*KS-3^fl£±fcfiifiJ^ 4>L< tt^OPOjCi: t)t&M$ii 
5Ct, *LT*0 ±-5 £Sfcte©3Sffl£fTfc iff. 

MML. J:^XZZiZ±nZ<DZ't<m.WZ5kL£i- a 
Page 2 c 



(Status: Patented, Pending, Abandoned) 

mu ■■ mmm^im. mm*, mmm 

I hereby declare that all statements made herein of my own 
knowledge are true and that all statements made on information 
and belief are believed to be true; and further that these statements 
were made with the knowledge that willful false statements and the 
like so made are punishable by fine or imprisonment, or both, under 
Section 1001 of Title 18 of the United States Code and that such 
willful false statements may jeopardize the validity of the application 
or any patent issued thereon. 



Under the Paperwork Reduction Act of 1 995, 



0054-0222P PTo/sa^oec^) 

Approved for use through 9/30/93. OM8 0651 -0032 
Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE 
io poraons arc roqulred to respond to a collection of Information unless R displays a valid OMB control number. 



Japanese Language Declaration 



TERRELL C. BIRCH {Reg. No. 19.382) 
RAYMOND C. STEWART {(teg. No. 21,066 
JOSEPH A. KOLASCH |Reg. No. 22.4631 
ANTHONY L BIRCH (Reg. No. 28,1221 



JAMES M. S LATTERY (Reg. No. 28.3801 
BERNARD L. SWEENEY (Reg. No. 24.448) 
MICHAEL K. MUTTER {Reg. No. 29.680] 
CHARLES GORENSTEIN (Reg. No. 29.271) 



POWER OF ATTORNEY: As a named Inventor, I hereby appoint 
the following attorney(s) and/or agent(s) to prosecute this 
application and transact all business in the Patent and Trademark 
Office connected therewith (list name and registration number) 

GERALD M. MURPHY IReg. No. 28,977) MARC S. WE1NER (Reg. No. 32,1811 

LEONARD R. SVENSSON IReg. No. 30,330) ANDREW F. REISH (Reg. No. 33,4431 

TERRY L. CLARK (Reg. No. 32.644) JOE M. MUNCY (Reg. No. 32.334) 

ANDREW D. MEIKLE (Beg. No. 32.8681 C. JOSEPH FARACI (Reg. No. 32,3501 



Send Correspondence to: 



BIRCH, STEWART, KOLASCH & BIRCH, LLP 
P.O. BOX 747 

FALLS CHURCH, VA 22040-0747 
TEL: (703) 205-8000 



Direct Telephone Calls to: (name and telephone number) 







Full name of sole or first inventor 
Shigeaki SUZUKI 








Inventor's signature, * ts 


Date 






Residence 

Tokyo , Japan 








Citizenship 

Japan 








Post Office Address 

c/o Mitsubishi Denki Kabushiki Kaisha, 






2-3, Marunouchi 2-chome, 
TOKYO 100-8310 JAPAN 


(Jtixyoda-Ku, 






Full name of second joint inventor, if any 
Wataru FUSHIMI 








Second inventor's signature 




mm 




Residence * „ , 

Tokyo , Japan 




Citizenship 

Japan 






c/^o^^tsu^aLshi Denki Kabushiki Kaisha, 






2-3, Marunouchi 2-chome, 


Chiyoda-ku , 






TOKYO 100-8310 JAPAN 





m-&&<Dim&m%-\C^X%m&kimi&L. fc-f (Supply similar information and signature forthird and subsequent 

J ^ ) joint inventors.) 
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Japanese Language Declaration 

(B$i§m») 






Full name of third joint inventor, if any 
Hisashi YAJIMA 








TJikd joint lnv,entor£ signature ^ ate _/ 








Residence Toky0j Japan 








Citizenship Japan 








Post Office Address 

c/o Mitsubishi Denki Kabushiki Kaisha, 








2-3, Marunouchi 2-chome, Chiyoda-ku, 
TOKYO 100-8310 JAPAN 












Full name of fourth joint inventor, if any 








Fourth joint Inventor's signature Date 








Residence 








Citizenship 








Post Office Address 




















Full name of fifth joint inventor, if any 








Fifth joint Inventor's signature Date 








Residence 






3 B» 


Citizenship 








Post Office Address 




















Full name of sixth joint inventor, if any 






mAoxmrnwrncomz arc 


Sixth joint Inventor's signature Date 






&m 


Residence 








Citizenship 








Post Office Address 














(Supply similar information and signature for third and sub- 
sequent joint inventors.) 
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